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FOREWORD 


Among  the  responsibilities  assigned  to  the  Office  of  Technology  and 
Standards,  National  Communications  System  (NCS),  is  the  management  of  the 
Federal  Telecommunication  Standards  Program,  which  is  an  element  of  the 
overall  GSA  Federal  Standardization  Program.  Under  this  program,  the  NCS, 
with  the  assistance  of  the  Federal  Telecommunication  Standards  Committee, 
identifies,  develops,  and  coordinates  proposed  Federal  Standards  which  either 
contribute  to  the  inteoperability  of  functionally  similar  Federal 
telecommunication  networks  or  to  the  achievement  of  a  compatible  and  efficient 
interface  between  computers  and  telecommunications.  In  developing  and 
coordinating  these  standards,  considerable  effort  is  expended  in  initiating 
and  pursuing  joint  standards  development  efforts  with  appropriate  technical 
committees  of  the  Electronic  Industries  Association,  the  American  National 
Standards  Institute,  the  International  Organization  for  Standardization,  and 
the  International  Telegraph  and  Telephone  Consultative  Committee  (CCITT)  of 
the  International  Telecommunications  Union.  This  Technical  Information 
Bulletin  presents  a  reprint  of  questions  allocated  to  CCITT  Study  Group  XVIII 
for  the  1981-1984  plenary  period  (document  COM  XVIII  -  No.  1-E).  These 
questions,  relating  to  the  Integrated  Services  Digital  Network  (ISDN),  provide 
an  insight  into  the  direction  international  standards  and  networks  are 
heading,  and  how  they  will  look  in  the  future.  Any  comments,  inputs  or 
statements  of  requirements  that  could  assist  in  the  advancement  of  this  work 
are  welcome  and  should  be  addressed  to: 

Office  of  Technology  and  Standards 
National  Communications  System 
Washington,  DC  20305 
Telephone  (202)  692-2124 
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STUDY  GROUP  XVIII  -  CONTRIBUTION  No.  I 


SOURCE  :  Vllth  PLENARY  ASSEMBLY  OF  THE  CCITT 

TITLE  :  QUESTIONS  ALLOCATED  TO  STUDY  GROUP  XVIII  FOR  THE  PERIOD  1931-198U 


1.  This  contribution  gives  the  texts  of  the  Questions  approved  by  the 

Vllth  Plenary  Assembly  of  the  CCITT  for  study  by  Study  Group  XVIII  in  the  period 
1981-1984 . 

Administrations,  recognised  private  operating  agencies,  international 
organizations  and  scientific  or  industrial  organizations  which  intend  to  take  part 
in  the  work  of  Study  Group  XVIII  are  invited  to  prepare  contributions  to  the  study 
of  these  Questions  and  to  send  them  to  the  CCITT  Secretariat  as  soon  as  possible. 


2.  The  attention  of  participants  in  the  work  of  the  CCITT  is  drawn  to  the 

following  provisions  extracted  from  the  "Additional  rules  of  procedure  of  the  CCITT" 
(as  amended  by  decisions  of  the  Vllth  Plenary  Assembly,  to  appear  in  the  Yellow  Book, 
Volume  I,  Resolution  No.  1)  : 


i)  "Contributions  which  are  to  be  distributed  in  the  normal  way  before  the 
meeting  in  the  three  working  languages  of  the  Union  (as  white  documents] 
must  reach  the  CCITT  Secretariat  at  least  three  months  before  the  date 
of  the  meeting  for  which  they  are  intended." 
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the  Questions  should  he  separated  so  : 
begins  on  a  fresh  sheet  of  paper  (not 
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A  contribution  should  not  as  a  general  rule  exce 
(five  pages),  nor  include  sore  than  three  pages 
pages  in  all).  The  contribution  should  be  accompanied  by  a  s 
should  be  followed  by  conclusions  whenever  possible.  For  draf 
Recommendations  and  for  contributions  submitted  by  Special 
the  above  directives  should  not  apply. 
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iii)  Documents  of  purely  theoretical  interest  which  are  not  directly  related 
to  the  Question  under  study  should  not  be  submitted  in  their  entirety. 
Short  abstracts  only  of  such  articles  could  be  sent  to  the  CCITT  for 
translation  and  publication. 

iv)  Articles  which  have  been  or  will  be  published  in  the  technical  press 
should  not  be  submitted  to  the  CCITT.  Short  abstracts  only  of  such 
articles  could,  however,  be  sent  to  the  CCITT  for  translation  ana 
publication. 


v)  Passages  of  an  unduly  commercial  nature  included  in  a  contribution  may  be 
deleted  by  the  Director  of  the  CCITT  in  agreement  with  the  Chairman;  the 
author  of  the  contribution  will  be  advised  of  any  such  deletions." 

2. 3  Distribution  and  format 

i)  "Contributions  should  be  drafted  in  one  (or  more)  of  the  working  languages 
of  the  Union  and  three  copies  sent  to  the  CCITT  Secretariat,  with  further 
copies  to  be  sent  by  contributors  direct  to  the  Chairman  and  Vice-Chairmen 
of  tne  Study  Group  and  tc  the  relevant  Chairmen  of  the  Working  Parties 
and  Special  Rapporteurs. 


It  is  recommended  that  a  translation  of  contributions  in  another  working 
language  be  sent  to  the  CCITT  Secretariat." 


Ali  ■'/ 


Li)  "Contributions  should  be  submitted  on  very  white  paper  w_  .i-  ... 

clear  back  type.  If  the  paper  is  not  of  A4  format,  the  text  on  each 
page  should  not  exceed  that  format. 


Tne  top  half  of  the  first  page  should  be  left  blank.* 


The  addresses  of  the  Chairman  and  Vice-Cnaimen  of  Stu 
given  in  Table  i. 
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frequencies 


Characteristics  of  digital  multiplex  equips 
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QUESTION  1/XVIII  -  General  network  aspects  of  an  Integrated  Services  digital 
Network  (ISDN)  (continuation  of  part  of  Question  1/XVIII, 
studied  in  1977-1980) 

This  Question  is  concerned  with  overall  studies  related  to  the  general 
features  of  future  Integrated  Services  Digital  Networks  capable  of  satisfying  the 
requirements  of  many  different  services.  Study  Group  XVIII  will  define  the  scope  and 
framework  of  an  ISDN  and  identify  the  services  which  may  be  incorporated  in  such 
networks.  It  will  study  the  evolution  of  Integrated  Digital  Networks  (IDNs)  dedicated 
to  specific  services  (e.g.,  telephony,  data)  towards  an  ISDN. 

The  objectives  will  be  to  define  overall  network  and  system  principles  which 
can  form  a  basis  for  study  and  Recommendations  by  appropriate  specialist  CCITT 
Study  Groups.  The  generic  features  appropriate  and  applicable  to  an  ISDN  will  be 
identified  together  with  optional  service  dependent  features  applicable  to  part  of  an 
ISDN. 

The  study  of  the  following  five  related  aspects  will  take  into  account  the 
considerata  arising  from  studies  carried  out  during  the  1977-1980  study  period  as 
recorded  in  Annex  A  to  this  Question.  In  addition,  the  multiple  aspects  of  this  work 
require  coordination  between  the  various  Study  Grows  ir/olved  (e.g..  Study  Groups  III, 
VII,  XI,  XV,  XVI,  XVII  and  XV). 

Some  of  these  Questions  have  to  be  studied  initially  by  Study  Group  XVIII , 
with  high  priority,  to  enable  other  Study  Groups  to  initiate  or  continue  their  work 
and  to  draft  Recommendations  within  the  current  CCITT  study  period.  In  other  cases 
Study  Group  XVIII  needs  information  from  other  Study  Groups  in  order  to  make  progress 
in  its  own  network  studies. 

Recommendation  No.  G.705  provides  information  and  f  'ture  developments  of 

the  ISDN. 

Studies  of  ISDN  aspects  vers  carried  out  under  Question  l/Vflll  during  the 
1977-1980  study  period  and  a  partial  reply  to  that  Question  is  reproduced  as  Annex  1 
to  this  new  Question.  Annex  2  records  many  points  already  identified  and  of  relevance 
to  the  ongoing  studies.  Annexes  3  and  it  contain  significant  information  which  was 
not  fully  considered  before  the  end  of  the  study  period.  These  Annexes  are  also  of 
relevance  to  other  new  Questions  of  Study  Group  XVIII. 

Note  :  The  Chairmen  and  Vice-Chairmen  of  the  Study  Group*  involved  (Study  Groups  III, 

VII,  XI,  XV,  XVI,  XVII  and  XVIII)  will  jointly  assess  the  progress  made  by  the  various 
Study  Groups  and  initiate  any  steps  necessary  to  expedite  the  work.  This  should  take 
place  at  about  the  middle  of  the  study  period  (e.g.  beginning  of  1982),  with  the 
Chairman  of  Study  Group  XVIII  acting  as  convenor  for  this  coordination. 

Considering 

a)  that  the  requirements  of  data  transmission  services  and  several  new  non-voice 

services  are  being  studied  by  CCITT. 

Note  :  In  several  countries  services  dedicated  digital  networks  are  already  in  service 
or  will  be  installed  for  non-voice  services  that  may  use  part  of  the  ISDN  for  access 
to  this  network. 


(22) 


com  xv i: 


b)  many  countries  wish  to  adopt  a  common  strategy  for  extending  the  use  of 
Integrated  Digital  networks  (IDN)  beyond  the  telephony  application  to  form  Integrated 
Services  Digital  Networks, 

c)  telephony  service  will  constitute  the  major  portion  of  the  carried  load  on 
digital  networks  characterized  by  time  division  transmission  and  switching  and 
common- channel  signalling, 

d)  efficiency  and  economy  of  methods  of  access  to  the  ISDN  from  customer 
terminals  are  significant  factors  in  planning  the  local  network, 

e)  CCITT  Recommendations  on  digital  switching  and  inter-exchange  signalling, 
which  take  into  account  the  future  evolution  of  the  IDN  for  telephony  towards  the 
ISDN,  are  already  available  in  the  Q  series  and  may  form  the  basis  for  further 
Recommendations  on  ISDN. 

Point  A.  Service  aspects 

1.  Which  services  should  be  taken  into  account  in  the  establishment  of 
network  features  of  the  ISDN  7 

2.  What  are  the  network  features  needed  to  support  these  services  7  Which 
network  features  should  be  regarded  as  general  throughout  the  ISDN,  and  which  should 
be  classed  as  service  dependent  for  particular  service  applications  7 

Note  :  Among  other  network  features,  attention  should  be  paid  to  charging  so  that 
adequate  information  could  be  made  available  for  charging  purposes. 

3.  For  which  services,  if  any,  should  a  change  of  service  on  an  established 
connection  be  envisaged  7  What  are  the  implications  and  requirements  of  such  a 
feature  7 


b.  What  kinds  of  leased  paths  will  be  required  in  the  ISDN  when  it  is  in 

widespread  operation  7 

Note  1  :  Services  should  be  identified  which  will  supplant  existing  leised  line 
services. 

Note  2  :  Consideration  should  be  given  to  the  use  of  semi -permanent  connections, 
closed  user  group  and  hot-line  features,  remote  switching  units  etc. 

Point  B,  Network  aspects 

1.  What  are  the  principles  in  terms  of  network  structure  and  systems 
architecture  which  define  the  ISDN  and  which  form  the  basis  t  -r  study  of  specific 
aspects  7 

2.  Should  layered  protocols  and  functional  layers  be  adopted  for  ISDN  to  form 
the  basis  of  CCITT  Recommendations  7  If  so,  what  are  the  characteristics  of  this 
layering,  and  in  which  way  is  the  cr'eept  of  functional  layers  used  with  respect  to 
sub-systems ,  such  as,  e.g. ,  the  signalling  channels  7 

3.  What  are  the  implications  of  ISDN  on  numbering  plans  and  service  indicators 
for  telephony  and  other  services  7 

4.  What  methods  of  voice  band  encoding  other  than  standsu-d  PCM  (see  also 
Question  7/XVIII)  and  what  forms  of  digital  speech  interpolation  can  be  considered  in 
relation  to  the  evolution  of  the  ISDN  7 
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Point  C.  Customer  access 


What  are  the  principles  in  terms  of  network  structure  end  systems 
architecture  which  define  customer  access  to  ISDN  and  vhich  should  form  the  basis  of 
studies  of  related  transmission,  switching,  signalling  and  interface  aspects  7 


Point  D.  Interworking 


What  are  the  principles  which  should  form  the  basis  for  detailed  study  of  tne 
interfaces  interconnections  and  interworking  between  ISDN  and  service  dedicated 
networks  T 

The  following  specific  points  should  be  inr  '*d  in  the  studies  : 

i)  At  what  point  in  the  connection  should  ape-  .  jeeasing  for  interworking 
be  accomplished  (e.g. ,  in  the  originating  o.  en  in  at  ins  country)  7 

ii)  What  networks  should  be  given  preference  to  complete  connections  in  a  transit 
call  aituation  7 

iii)  What  special  problems  arise  from  the  use  of  ISDN  to  provide  interconnections 
of  particular  aarvices  (e.g.,  according  to  X.21,  etc.)  via  different 
networks,  and  what  restrictions  or  restraints  should  be  placed  on  services 
or  networks  when  interworking  (e.g.,  to  accosMDdate  accounting,  timing  and 
signalling,  features)  7 

iv)  What  methods  should  b«  recommended  for  accusing  one  network  from  another  7 

v)  How  should  conversions  be  accomplished  (e.g.  data  to  data,  voice  to  data)  7 


vi)  What  arrangements  or  procedures  are  needed  to  accommodate  the  accounting 
function  for  a  connection  involving  mixed  networks  7 

vii)  What  influence  would  different  national  applications  of  service  integration 
have  on  the  international  network  with  regard  to  interworking  7 

viii)  What  special  problems  arise  from  the  use  of  ISDN  to  interconnect  netvorks 
carrying  services  to  existing  standard  terminal  interfaces  7 

ix)  What  are  the  possibilities  of  application  of  service  bits  allocated  in 

primary  PCM  and  higher  order  digital  systems  in  national  and  international 
digital  netvorks  7 

Point  E.  Guidelines  to  facilitate  evolution  towards  ISDH 


Which  strategy  should  be  followed  in  order  to  facilitate  and  speed  up  the 
establishment  of  a  worldwide  ISDN  7 

Note  :  It  should  be  taken  into  consideration  that,  in  the  introductory  period,  it  will 
be  necessary  to  establish  an  all-digital  network  mainly  for  the  needs  of  "business 
subscribers"  who  represent  only  a  small  percentage  of  the  overall  number  of  subscribers 
but  who  originate  a  substantial  portion  of  the  traffic.  It  may  be  useful  to  create  a 
digital  "overlay  network"  in  each  country  and  to  interconnect  these  national  networks 
by  digital  links. 
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Annex  1 

(to  Question  1/XVIII) 

Partial  reply  to  Question  1/XVIII.  point  A 
(study  period  1977-1960 ) 


1,  Introduction 


During  the  1977-1980  study  period,  members  of  Study  Group  XVIII  have 
reflected  increasing  interest  in  ISDN  as  a  possible  means  of  enhancing 
telecommunication  networks  to  support  an  increasing  range  of  services.  An  important 
aspect  of  the  work  has  been  the  extension  of  digital  techniques  to  the  customers’ 
premises  to  give  digital  access  to  ISDN. 

The  relevant  part  of  Question  XVIII/1  is  reproduced  for  reference 
purposes  :  "On  what  general  philosophy  should  the  design  and  introduction  of  digital 
systems  be  based  7  For  example,  what  principles  should  be  applied  for  the 
implementation  of  dedicated  integrated  digital  networks  (IDNs)  for  various  services 
and  what  provisions  should  be  made  to  facilitate  the  evolution  towards  the  possible 
future  integrated  services  digital  network  (ISDN)  f" 

2.  Recommendation  G.705  provides  information  concerning  the  future 
development  and  evolution  of  the  ISDN. 

3.  In  view  of  the  urgent  interest  in  general  ISDN  matters,  and  the  availability 
of  recent  documentation  which  had  not  been  fully  discussed  before  the  final  Meting 
of  Study  Group  XVIII,  it  was  agreed  that  a  means  should  be  found  of  continuing  the 
work  and  preparing  documentation  to  form  an  early  input  to  studies  in  the  next 

study  period.  Although  the  formal  CCITT  organization  does  not  make  specific  provisions 
to  continue  studies  during  the  transition  period  from  one  plenary  period  to  the  next. 
Study  Group  XVIII  invited  the  Rapporteur  for  ISDN  aspects  (Question  1/XVIII,  point  A 
of  the  1977-1980  study  period)  to  continue  work  by  correspondence  with  delegates  of 
other  countries  who  had  already  expressed  a  wish  to  participate  in  this  work.  It  was 
also  foreseen  that  it  might  be  desirable  to  have  a  meeting  of  those  involved  very 
early  in  the  next  study  period.  An  approach  would  be  made  to  the  Chairman  designate 
of  Study  Group  XVIII  to  make  the  arrangements,  should  such  a  meeting  be  necessary. 

U.  In  order  to  give  some  interim  guidance  to  national  studies  of  ISDN  and  related 

development  work.  Study  Group  XVIII  drew  attention  to  the  points  of  view  expressed  in 
the  following  paragraphs.  These  were  supported  by  Study  Group  XVIII  and  therefore 
reflect  confidence  in  the  approach  indicated.  The  points  are  recorded  under  headings 
which  identify  different  aspects  of  ISDN  and  facilitate  separation  of  the  subject 
into  reasonable  study  areas. 

5.  Service  aspects 

Information  exists  on  a  wide  range  of  existing  and  new  voice  and  data 
services,  and  it  is  recognized  that  ISDN  has  generic  features  capable  of  supporting 
many  of  these.  In  addition  there  is  scope  for  adding  service-dependent  features  to 
appropriate  parts  of  the  network  to  satisfy  particular  requirements  or  to  give 
interworking  access  to  service  -dedicated  networks.  Thus  the  possible  implications 
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of  all  services  will  need  to  be  considered  in  the  future,  but  it  is  proposed  that 
initial  attention  should  be  concentrated  on  : 

-  Digital  telephony  to  ensure  that  adequate  provision  is  made  for  the 
predominant  service. 

-  New  services  for  which  the  capabilities  available  on  ISDN  are  sufficient. 

6.  Network  aspects 

The  telephone  network  will  evolve  towards  an  IDN  with  switched  64  kbit/s 
telephony  channels  and  it  is  expected  that  other  services  would  be  integrated  with 
that  network  during  evolution  towards  an  ISDN, 

Constraints  may  be  placed  on  the  use  of  the  64  kbit/s  capacity  to  accord 
with  internationally  agreed  standards  for  some  services.  Connections  through  ISDN 
could  be  switched  or  semi -permanently  connected  and  "wider-band"  services  may  be 
carried  by  using  multi-slot  connections  at  n  x  61*  kbit/s.  All  ISDN  exchanges  are 
expected  to  have  stored  program  control  and  inter-change  signalling  (CCITT  No.  7 
enhanced)!  with  digital  transmission  pathB  on  routes  offering  full  ISDN  service 
capabilities.  Provision  must  be  made  for  restricting  service  when  intervorking  with 
equipment  or  networks  having  limited  capability  (e.g.  calls  routed  through 
transmultiplexors  or  into  the  analogue  telephony  network ) . 

7.  Local  network  access 


Digital  transmission  techniques  in  the  local  network  will  extend  ISDN 
to  customer^  premises  over  a  basic  access  which  may,  for  example,  be  at  72  or  8o 
kbit/a.  Other  types  of  access  will  be  considered  as  appropriate.  Hie  basic  access 
will  then  provide  a  6b  kbit/s  information  channel  and  a  separate  channel.  The 
64  kbit/s  channel  may  be  dedicated  to  a  particular  service  or  used  alternatively  for 
voice  or  data,  and  on  an  established  digital  connection  the  path  may  be  sub-divided 
for  several  lower-rate  services.  Capacity  of  the  separate  channel  is  expected  to  be 
8  or  16  kbit/s  and  would  carry  customer/network  signalling  and  possibly  low  speed 
telemetry. 


Two  methods  of  further  exploiting  the  separate  channel  have  been  identified  : 

i)  One  method  foresees  that  the  separate  channel  would  be  dynamically 
allocated  also  to  carry  a  fora  of  data-message  service. 

ii)  In  another  method  the  separate  channel  would  be  sub-multiplexed  into  two 

channels  of  hi  and  dp  kbit/s.  One  of  these  channels  would  be  used  for  data 
services  at  up  to  d2  kbit/s  in  the  local  network,  with  rate  adaptation  for 
switching  through  ISDN  at  64  kbit/s.  The  other  at  kbit/s  would  carry 
customer/network  signalling  for  the  64  and  ap  kbit/s  channels ,  and  possibly 
low  speed  telemetry. 

Alignment  information  for  the  basic  access  should  also  be  provided,  e.g. 
exploitation  of  the  line  transmission  system;  allocation  of  capacity  within  the 
72  or  80  kbit/3. 

Where  justified  {e.g.  PABXs)  a  primary  order  digital  path  carrying  a  multiplex 
of  24  or  30  channels  may  be  extended  to  a  customers’  premises,  to  provide  several 
64  kbit/s  channels  (see  also  paragraph  9).  Customer/network  signalling  may  be 
concentrated  in  one  64  kbit/s  channel.  This  structure  could  also  apply  where  a  group 
of  ISDN  customers  are  connected  via  a  multiplexer  in  the  local  network. 


-  il  - 

COM  XVIII-Ko .  1-E 


8.  Customer  interface 

Figure  1  shows  the  functional  elements  of  customer  access  to  ISDN  and 
interfaces  A  and  B  apply  to  the  customers  premises.  A  considerable  amount  of  further 
study  is  needed  to  establish  preferred  arrangements  for  connecting  the  wide  range  of 
voice  and  data  terminals,  some  of  which  already  exist  with  defined  interface  standards. 
Possible  ISDN  accesses  at  ^2  or  80  kbit/s  and  1.5**1*  or  2,0U8  kbit/s  would  apply  to 
interface  B  and  little  would  be  needed  in  the  form  of  Network  Termination  for 
terminals  which  conform  to  these  accesses.  Connection  of  other  terminals  at  interface 
A  would  require  appropriate  conversion  functions  in  the  Network  Termination. 

The  layered  model  approach,  devised  for  data  services  (see  Study  Group  VII 
reference)  may  offer  a  convenient  method  of  assisting  the  definition  of  the 
characteristics  of  interfaces  A  and  B,  which  must  be  studied  in  conjunction  with  the 
auBtomer/network  signalling  (paragraph  10). 


A  B  C  C  0 

i  i  i  i  ■ 


CT  -  Customer  Terminals 
NT  -  Network  Termination 
LT  -  Line  Termination 
ET  -  Exchange  Terminal 

Figure  1  -  Functional  interfaces  for  digital  local  access 

9.  Local  network  transmission 

Standards  are  available  for  digital  transmission  between  exchanges  and  these 
could  form  a  basis  for  transmission  in  the  local  network.  Studies  of  ISDN  access  show 
a  need  for  at  least  two  types  of  system  :  one  operating  at  current  hierarchical  rates 
(e.g.  1,51*1*  or  2,0b8  kbit/s)  and  another  to  carry  the  basic  access  proposed  in 
paragraph  7.  Future  studies  may  identity  the  need  for  other  systems,  including  a 
smaller  capacity  multiplex  for  operating  over  existing  local  network  cables. 
Specification  of  interfaces  B  and  D  will  allow  evolution  of  the  transmission  system 
somewhat  independently  of  terminal  and  exchange  equipment,  in  particular  it  is 
expected  that  new  transmission  media  including  optical  fibre,  coaxial  and  radio  systems 
will  be  used  as  appropriate. 

10.  Customer/network  signalling 

Digital  accesa  to  ISDN  will  include  a  separate  channel  to  carry  customer/ 
network  signalling  and  possibly  other  information  as  described  in  paragraph  7.  The 
Link  Access  protocols  of  the  signalling  system  carried  in  this  channel  may  be  based 
on  the  exchange  of  frame  formatted  information  using  procedures  similar  to  those 
recommended  in  level  2  of  SS  CCITT  No.  7  and  Recommendation  X.25*  This  approach  should 
give  a  very  flexible,  open-ended  signalling  capability,  compatible  with  the  requirements 
of  new  telecommunications  terminals.  The  use  of  modern  technology  should  ensure  that 
the  relative  complexity  of  this  method  doe9  not  lead  to  excessive  cost. 
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The  Call  Control  aspects  of  the  customer/network  signalling  require  further 
study,  taking  into  account  information  relating  to  existing  telephony  service 
(loop/disconnect  and  multi-frequency  push-button  systems)  and  circuit  switched  data 
services  (X.21). 

The  customer/network  signalling  should  also  operate  where  a  multiplexer  is 
used  in  the  local  network.  Signalling  messages  could,  for  example,  be  concentrated/ 
distributed  between  several  digital  local  lines  and  a  common  channel  to  the  local 
exchange.  This  application  would  be  very  similar  to  the  digital  PABX  served  by  a 
multiplex  system  and  the  studies  of  customer /network  signalling  should  consider  both 
situations. 

11.  Switching  aspects 

Digital  trunk  and  local  exchanges  are  already  required  to  operate  with  digital 
transmission  systems,  and  primary  and  secondary  order  multiplex  interface  standards 
for  digital  exchanges  are  available  at  1,5M,  2,0^8  and  6 ,hU8  kbit/s.  To  a  large 
extent  these  standards  could  apply  also  when  multiplex  systems  are  used  on  the 
local  network  side  of  the  exchange. 

A  new  interface  must  be  specified  for  the  basic  access  described  in  paragraph  ?, 
giving  due  consideration  to  the  means  of  implementing  conventional  telephony  functions 
(BORSCHT)  and  including  any  adaptation  of  other  services  for  switching  at  6U  kbit/s. 

This  interface  may  be  similar  to  that  existing  at  the  local  access  to  a  remote 
multiplexer  or  concentrator. 

i 

t 

12.  Interworking 

While  it  has  been  recognized  that  ISDH  may  be  used  as  a  means  of  access  to 
service-dedicated  networks  the  interworking  arrangements  have  not  yet  been  studied 
in  detail.  However,  interworking  in  such  cases  is  expected  to  be  at  the  inter-exchange 
level,  possible  via  nominated  "gateway"  nodes,  and  the  arrangements  could  be  based  on 
specifications  existing  for  inter-exchange  signalling.  (CCITT  No.  T  as  used  in  the 
telephony  network,  X.T5  as  used  in  Packet  Data  Networks  and  X.60  as  used  in  Circuit 
Switched  Data  Networks  1 ) 

13*  Numbering  and  addressing 

Study  Group  XVIII  recognizes  the  importance  of  the  numbering  and  addressing 
arrangements  where  different  services  are  carried  on  an  integrated  services  digital 
network.  Since  the  telephony  based  on  IDN  is  expected  to  be  an  important  basis  for 
the  development  of  the  ISDN,  the  numbering  scheme  could  similarly  grow  from  that 
used  for  the  telephony  service.  Further  study  is  needed  to  establish  a  flexibile 
■  scheme,  with  a  degree  of  independence  between  the  identity  of  a  network  termination 
and  the  services  available  to  a  customer  on  that  termination.  The  Study  Group  VII 
proposals  fcr  dedicated  data  networks  have  some  relevance. 
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Annex  2 

(to  Question  1/XVIII) 


A  basis  for  study  of  ISDN 


Studies  of  the  arrangements  for  customer  access  to  the  ISDN  through 
Contributions  and  discussions  have  lead  t.o  the  establishment  of  some  study  points 
relating  to  system  structure  and  network  architecture.  These  points  are  generally 
considered  to  be  a  good  basis  for  the  on  going  studies  but  the  increasing  volume  of 
documentation  and  related  discussion  is  making  it  more  difficult  to  locate  the 
information.  This  Annex  contains  a  first  draft  which  may  be  used  as  a  common  basis  for 
further  study  of  the  ISDN  and  customer  access  arrangements. 

For  this  Annex  the  points  have  been  largely  extracted  from  existing 
Study  Group  XVIII  documentation,  modified  by  discussion  where  necessary,  and  reproduced. 
It  is  intended  that  an  edited  and  possibly  extended  version  should  be  made  available 
for  the  April  1980  meeting  of  Study  Group  XVIII,  and  later  annexed  to  the  ISDN 
Questions  for  the  next  study  period. 

The  points  in  this  Annex  are  divided  into  different  aspects  (network, 
signalling,  transmission,  interfaces  and  terminal)  and  are  mainly  related  to  the 
emerging  6U  kbit/s  IDNs. 

The  material  consists  of  various  views  and  ideas  that  have  been  presented 
in  documentation.  They  do  not  constitute  an  agreement  that  this  is  the  way  an  ISDN 
will  develop.  In  fact  several  of  the  points  may  be  inconsistent,  incomplete  or  not 
mutually  exclusive. 

Further  studies  are  required  to  consolidate  these  ideas  and  to  formulate 
agreed  principles  upon  which  further  work  may  be  based.  It  is  particularly  important 
that  interface  and  signalling  concepts  be  agreed  early  so  that  the  detailed 
development  of  appropriate  Recommendations  may  be  undertaken. 

Future  studies  are  expected  to  provide  clarification  and  elaboration  of 
these  points,  leading  towards  the  establishment  of  the  main  principles  for  ISDN.  It 
is  acknowledged  that  new  techniques  and  technologies  may  emerge,  together  with  further 
network  and  service  option,  and  these  will  lead  to  the  establishment  of  additional 
points  as  and  when  the  need  arises. 

N1  The  telephone  network  will  evolve  towards  an  Integrated  Digital  Network  (iDl) 

with  switched  6k  kbit/s  telephpny  channels  and  it  was  expected  that  other  : 

services  would  be  integrated  with  that  network  during  evolution  towards 
an  Integrated  Servi***  Digital  Network  (ISDN). 

N2  The  introduction  of  new  services  must  net  prejudice  telephony  which  ms 

expected  to  predominate  indefinitely. 

Dependent  on  the  need  of  the  individual  subscriber,  flexibility  should  exist  to 
provide  various  access  types  e.g. 

a)  many  subscribers  may  require  only  dedicated  access  to  a  particular  fundamental 
service  on  the  ISDN  (telephony  or  data)} 
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b)  same  customers  nay  require  alternative  access, 
or  more  services; 


c)  some  customers  may  require  simultaneous  access  to  two  or  more  services 


d)  supplementary  services  such  as  listed  in  Recommendation  X.2  and  possible  in 
SX  telephone  exchanges  should  be  possible  in  a  harmonised  form  for  data  and  telephony 
(e.g.  network  recall,  closed  user  groups,  call  deviation  etc.); 


e)  new  service  forms  such  as 
to  change  from  voice  to  non-voice 


with  multi-purpose  terminals  including  the  capability 
or  the  simultaneous  use  of  both  are  to  be  expected. 


f=3  Flexibility  is  needed  to  permit  progressive  introduction  of  various  new 

services,  many  of  which  are  not  yet  well  defined.  Ihe  objective  would 
therefore  .be  to  establish  network  capabilities  for  subsequent  exploitation . 

,  The  ISDN  access  arrangements  should  be  optimized  for  digital  services  although 

',jue  account  should  be' taken  of  the  large  and  continuing  population  of  analogue 
telephone  and  lines 

H5  In  studying  features  of  customer  access  attention  should  be  paid  to  the 

usefulness  of  structuring  the  interface  in  functional  levels  in  order 
to  avoid  unnecessary  constraints  on  technological  evolution.  It  is 
important  to  establish  a  level  for  the  common  telephony  interface, 
as  a  basis  for  the  multi-service  ISDN  terminal. 


116  While  it  is  recognized  that  customers  win  have  access  to  a  local 
concentrator  or  exchange,  and  that  the  local  exchange  will  provide  many  of 
the  basic  telephony  and  perhaps  other  services,  some  specialized  services  need 
not  be  provided  by  all  local  exchanges.  The  concept  is  that  local  exchanges  car. 
provide  access,  on  a  call-by-call  basis,  to  other  exchanges  in  the  network  which  can  be 
regarded  as  special  nodes  because  they  provide  additional  service  capabilities.  Access 
to  such  nodes  could  for  example  be  on  demand  following  class  of  service  or  selection 
information,  or  on  a  hot-line  basis  for  every  call  from  a  particular  customer.  One 
example  of  such  use  of  the  ISDN  would  be  in  the  provision  of  access  to  a  data  packet 
switching  exchange.  It  is  recognized  that  this  concept  would  significantly  influence 
the  studies  of  customer  access  to  the  ISDN. 

117  During  future  studies,  some  considerations  should  be  given  to  the  possible 
use  of  transmission  rates  lower  than  61*  kbit/s  (e.g.  32  or  16  kbit/s)  for  telephony 
paths  in  the  network,  and  the  effect  such  paths  might  have  on  other  customer  services 
in  the  ISDN, 

io  During  future  studies,  some  consideration  should  be  given  to  the  possible  use 

of  bit  saving  techniques  e.g.  differential  encoding  for  providing  "wideband  speech"  at 
61*  kbit/s. 

I'5  Future  studies  of  ISDN  access  should  take  into  account  the  probability  that 

aJ  Integrated  Services  Digital  Networks  (ISDN)  for  telephony,  data 

end  other  services  will  be  growing  rapidly  in  the  next  few  years; 

c‘  the  cost  of  extending  digital  transmission  to  the  subscriber's  location 

can  be  expected  to  become  progressively  lower; 

'  .  new  services  end  facilities  can  be  provided  by  taking  advantage  of  the 

inherent  characteristics  of  the  ISDH; 

Ql  new  signal  ling  arrangements  will  be  needed  both  from  exchange  to  subscriber 

and  subscriber  to  exchange; 
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N10  a)  There  is  a  need  to  develop  vithiD  a  ccranon  framework  coherent  arrangments 
for  customer  access  to  different  services  provided  by  the  ISDS; 

n ^  such  arrangements  have  to  allow  various  network  architectures,  taking  into 
account  the  varying  conditions  in  different  countries ; 

Nil  In  an  Integrated  Services  Digital  Network  (ISDN)  a  connection  aay  be 
required  fcr  a  call  which:- 

i.  is  exclusively  voice  (V)  service,  including  unstructured  information; 

ii.  is  exclusively  Digital  Non-Voice  (DHV)  service; 

iii.  changes  from  voice  Service  to  Digital  Non-Voice  Service  or  vice-versa 
during  the  call  to  provide  alternative  services. 

iv.  voice  and  non-voice  services  on  a  wholly  digital  connection  to  provide 
services  which,  to  the  user,  appear  to  be  simultaneous; 


N12  "Another  aspect  needing  an  early  decision  is  that  of  continuous  trans¬ 
mission  of  signals  on  the  subscriber  line,  even  under  idle  conditions 
between  calls.  Same  signalling  methods  and  supplementary  services 
(e.g.  burglar  alarm  etc.)  mays  only  be  implemented  when  the  subscriber  line 
transmission  system  is. operating  continuously. 


Some  administrations  art  preparing  plans  for  extensive  introduction 
of  digital  transmission  and  switching  equipment,  and  studying  ways 
of  exploiting  the  emerging  digital  network  by  extension  of  the  IDN 
capabilities  down  to  the  premises  of  customer  who  can  utilise  those 
capabilities.  These  networks  will  not  be  extensive  in  the  early  years 
but  suitable  standards  are  needed  to  encourage  steady  evolution. 

The  national  conditions  for  service  integration  may  differ  between 
countries  and  evolution  towards  an  integrated  services  network 
will  vary  accordingly.  In  order  to  provide  a  common  basis  for  inter¬ 
national  standardization  of  digital  networks,  however,  it  is  essential 
to  adopt  a  common  strategy  for  developing  an  ISDN  from  the  telephony 
ION. 

These  varying  conditions  give  rise  to  the  following  objectives: 

-  introduction  of  new  services  and  facilities  should  not  give 
significant  cost  penalty  to  the  major  telecommunication  service 
in  the  network 

-  as  introduction  of  new  services  and  facilities  will  be  a  continuous 
process,  the  approach  to  seivice  integration  should  be  open-ended 


Customer  access  types 

Customer  terminals  and  digital  PABX  will  evolva  rapidly  with  techno¬ 
logies  like  microprocessors,  automation  in  the  offlco  sector  and  the 
definition  of  new  services.  An  appropriate  definition  of  the  custwf 
access  to  ISDN  is  therefore  of  utmost  Importance.  Whilst  aiming  at  a 
flexible  and  openended  approach  to  new  services  and  customer  terminals, 
e  limited  mwber  of  customer  access  types  should  be  standardized,  tn 
a  first  phase  of  CCITT studies  the  following  access  types  are  proposed; 
see  also  Figure  1. 


(22) 


. . . . . . . . 


-  16  - 

COM  XVIII-No.  1-E 


Nl6  Basic  ISDN  access  type 
This  comprises  :« 

a)  a  64  kbit/s  digital  path  for  : 

(I)  digital  voice  at  64  kbit/s  ,  or 

(ii)  digital  data  including  Recomendation  X.l  data  user 
classes  with  rata  adaptation  up  to  64  kbit/s  ,  or 

(lit)  coabined  digital  voice  and  non«volce  at  64  kbit/s  (a.g. 

56  kbit/s  digital  voice  together  with  8  kbit/s  data) 

White  sons  customers  will  require  dedicated  access  to  only  one 
of  these  service  options,  provision  should  be  made  for  alternative 
operation  on  a  call  by  call  basis,  and  for  changing  during  an 
established  call.  Limitations  to  this  latter  feature  will  be 
encountered  In  nixed  analogue/ digital  networks. 

b)  A  separate  digital  path  at  a  rate  much  lover  than  64  kbit/s 
for  : 

(i)  customer /network  signalling  for  services  in  (a);  *&d 

(ii)  other  services  such  as  telemetry  information  (e.g.  customer  alarms);  and. 

(iii)  spare  capacity  for  future  requirements. 

An  example  of  the  basic  ISBN  access  type  incorporating  the  features  listed 
above  is  given  in  Figure  2.  It  should  be  noted  that  some  additional  bits 
have  been  provided  for  alignment  purposes  for  use  when  the  transmission 
system  does  not  provide  alignment. 

H17  Access  at  rates  lower  than  64  kbit/s 


Consideration  should  be  given  to  the  possibility  of  customer  access  at  rates 
lower  than  64  kbit/s  (e.g.  56,  48  and  32  kbit/s). 

ISDN  access  type  with  additional  channel  option 

In  addition  to  the  basic  system  capabilities  indicated  in  Nl6,  some  consideration 
should  he  given  to  the  provision  of  other  services  simultaneously  with  the 
functions  in  a)  and  b)  of  N16. 

Additional  digital  paths  could  be  provided  to  give  further  services  as  the 
cusToat.  res  thas.  The  customer  network  signalling  for  these  services 

would  be  carried  within  channel  b)  (of  nl6).  The  access  structure  should  be 
capable  of  providing  a  smooth  growth  of  customer  services  from  those  indicated 
in  a)  and  b)  (of  Nl6)  to  multi  channel  services  such  as  these  required  by, 
for  example,  multi  function  terminals,  multi-slot  terminals  and  PABXs. 

The  additional  digital  paths  may  be  adapted  to  64  kbit/s  where  necessary 
(e.g.  for  Recommendation  X.l  services)  at  the  exchange  and  switched  through  the 
digital  network. 

An  example  in  which  the  additional  access  provides  a  low-rate  data  service 
is  given  in  Figure  3  (see  also  Sly). 
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Two  approaches  have  been  identified  : 

(i)  services  requiring  only  a  few  (e.g.  <  5)  6b  kbit/s  digital  paths  eight 
utilise  parallel  subscriber  access  at  6b  kbit/s.  Further  study  is 
needed  to  determine  the  network  control  signalling  arrangements  for 
such  applications; 

(ii)  as  an  alternative  to  (i)  a  seal!  transmission  multiplex  of  n  x  6b  kbit/s 
could  be  used; 

(iii)  for  services  requiring  sore  {e.g.  >  5)  6b  kbit/s  digital  paths,  a 
multiplex  based  on  the  primary  multiplex  systems  would  appear  to  be 
more  appropriate; 

N2G  Treatment  of  services  requiring  multiple  digital  paths  (including  PABXs) 

The  approaches  identified  in  HlS  also  apply  in  this  case. 

N21  Treatment  of  services  requiring  less  than  6b  kbit/s  digital  paths 

For  services  such  as  low-rate  data,  the  bit  stream  could  be  adapted  and  carried 
on  a  standard  6b  kbit/s  bearer  to  the  exchange.  Alternatively  a  low-rate  access 
comprising  a  bearer  to  suit  the  service  with  an  out-slot  channel  for  signalling 
etc.  (see  Nib),  and  with  adaptation  to  6b  kbit/s  at  the  exchange  (or 
intermediate  muldex)  for  switching  through  the  digital  network  at  6b  kbit/s 
could  be  used.  (Question  29/VII  is  relevant . ) 


Another  alternative  is  to  interleave  low-rate  data  messages  with  signalling 
messages  on  the  out-slot  channel  of  a  multi-service  access.  (See  SB).  Yet 
another  possibility  is  to  provide  access  to  a  packet  switching  facility  and 
route  the  low-bit  rate  data  across  the  ISDN  by  the  use  of  packets. 

H22  Treatment  of  customers  requiring  unidirectional  transmission 

Some  provision  may  need  to  be  made  for  such  services  but  further  study  is 
needed  to  establish  relevant  principles.  (See  paragraph  b  of  the  Report.) 


N23  Functional  network  architecture 


In  order  to  deal  with  ISON  in  an  orderly  Mannar  it  shu-’d  be  given  a 
suitable  functional  structure.  A  first  approach  is  to  Jivide  the 
network  into  two  categories  of  functions:  ' 

-  a  category  of  basic  functions  relating  to  circuit  switched  6%  kbit/s 
digital  connections  which  would  be  provided  by  all  local  exchanges; 
this  category  provides  telephony  and  possibly  circu’t  switched  data 
service 

-  a  category  of  additional  functions  relating  tc  services  which  require 
additional  capabilities  which  need  only  be  provided  in  specie!  equip- 
Meats  located  in  particular  network  nodes.  The  digital  local  network 
would,  a;  part  of  the  basic  functions,  provide  access  to  these  special 
equipments. 
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N2b  ISDH  network  aspects 

It  is  expected  that  the  ISDN  will  use  64  kbit/s  bearer  digital  paths.  The  bit 
integrity  of  customer  generated  information  should  be  preserved  between  customer 
terminals.  Voice  frequency  signals  should  be  encoded  according  to 
Reeamaendation  G.711. 

325  Network  control  signalling  between  the  customer  terminal  and  his  local  exchange 
for  setting  up  6k  kbit/s  connections  should  be  carried  outside  the  6k  kbit/s 
channel.  Note  that  this  does  not  preclude  the  use  of  the  6k  kbit/s  for  some 
oust  oner/'  network  and  easterner/ customer  signalling  after  the  initial  out-channel 
signalling  procedure.  (See  Nib) 

326  During  the  evolutionary  stages  where  extensive  interworking  occurs  between 
the  new  digital  equipment  and  existing  switching  equipment  for  telephony  type 
traffic;  the  new  network  equipment  should  ensure  that  ISBN  calls  are  routed 
appropriately.  Where  routing  over  digital  facilities  only  is  required,  adequate 
identification  and  signalling  capabilities  should  be  provided  in  order  to  remove 
any  service  restriction  on  a  particular  connection.  Note  that  this  requirement 
should  include  the  identification  of  apparently  digital  circuits  routed  via 
transmultiplexers  or  time  assignment  or  ether  digital  processing  equipment 
which  restrict  the  bit  sequence  integrity  of  the  transmission  path. 

S27  The  ISDH  should  include  adequate  provision  for  services  which  normally  operate 
at  rates  other  than  6b  kbit/s.  These  include  : 

-  Low  rate  data; 

-  Low  rate  non-standard  encoded  voice; 

-  Higher  rate  services  which  may  be  routed  through  the  network  on  n  x  64  kbit/s 
connections ; 


-  Wideband  services  requiring  transmission  paths  such  in  excess 
of  6k  kbit/s  (e.g.  2  Kbit/s  or  sure)  which.  If  connected  over 
a  network  separate  from  the  ISDN,  stay  us«  the  ISDN  for  associated 
setting-up  and  co— unication  purposes. 

~  Very  low  rate  telemetry  over  the  customers  local  tine  as  a  means 
of  conveying  alarm  and  surveillance  communication  -to  a  central 
location  such  as  the  local  exchange  si ta. 

128  In  order  to  ensure  adequate  performance  and  flexibility  the  ISDN 

shall  be  comprised  of  5PC  digital  local  and  higher  order  exchanges . 
interconnected  by  digital  transmission  and  oaploying  fast  Inter 
processor  conon  channel  signalling  betwetn  exchanges,  CCITT 
bo.7.  There  will,  however,  be  freedom  to  move  functions  between 
nodes  In  the  ISDH  hierarchies,  and  it  Is  expected  that  sost  nodes 
"•H^he  equipped  with  extra  capabilities  to  satisfy  the  special 
requirements  of  calls  routed  to  such  nodes.  Quality  of  service 
standards  for  ISON  traffic  iist  be  specified  in  terms  of  error 
rates,  response  times,  grades  of  service  etc,  and  the  need  for 
preferential  or  priority  treatment  of  one  service  with  relation 
to  another  on  a  call  by  call  basis  should  be  considered. 


designed  for  telephony  needs  and  a  separate  in-slot  protocol  is  used 
call  set— up.  is  implies  that  a  hot-line  type  of  connection  is  used  f« 
calls  to  establish  an  access  path  between  the  data  terminal  and  the  : 
functions  controlling  data  call  set-up  consistent  with  Esc cmmendat is: 
X.25  and  the  new  FDTT  interface  (also  referred  to  as  the  multipurpose 
for  non-voice  services). 


Adoption  of  this  approach  would  imply  that  a  deeper  integration  of  access 
protocols,  and  thus  call  set-up  control  in  the  network,  can  later  only  be 
achieved  after  introduction  of  new  or  modified  access  nrotocols. 


Medium 


sgraticn  . 


In  this  ease  an  out-slot  signalling  protocol  >0?)  is  used  for  controlling 
setting  up  of  digital  circuit  switched  61  kbit/s  connections  for  both  telephony 
and  data.  This  implies  that  an  cut-slot  signalling  technique  that  is  suitable 
both  for  telephony  and  data  is  chosen.  Tee  CIS*)  should  then  nrovide 
insertion  of  the  data  signalling  protocol  generated  by  the  DTE  '  into  the 
out-slot  signalling  link  of  the  subscriber  line.  (*)  See  Figure  1.) 


The  out-slot  signalling  link  would  carry  information  blocks  which  include 
Service  indications  to  allow  separately  defined  telephony  and  data  versions. 
These  versions  should  naturally  be  defined  with  maximum  ccsmosality. 

A  comparison  may  be  made  between  such  versions  and  the  Telephony  and  Bata 
User  Parts  in  CCITT  Signalling  System  Ho.  7- 


On  the  assumption  that  commonality  is  achieved  i 
the  cut-slot  signalling  functions,  this  degree  i 
a  good  basis  for  moving  to  a  deeper  degree  of  i 
The  restrictions  for  deeper  integration  in  the  ! 
imposed  by  the  access  protocols  but  by  the  fact 


retvesa  telephony  and  data  for 
>f  integration  would  provide 
it  egret  ion  at  a  later  stage. 
SDH  would  in  this  case  not  be 
cflG-X  CGiit^roi  ^ * 
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are  only  applicable  .for  either  o4  telephony  and  data.  The  differences  in  the 
actual  OP  employed  and  the  call  handling  in  the  network,  would,  however,  in 
principle  not  be  differences  between  telephony  and  data  but  differences  between 
calls  involving  different  sets  of  supplementary  service/user  facilities.  That 
is,  the  nature  of  differences  between  telephony  and  data  would  be  no  different 
from  the  nature  of  the  differences  between  calls  within  each  service. 

N30  It  is  recognized  that  the  definition  of  a  multi-purpose  interface  for 

non-voice  services  has  a  bearing  on  the  system  concept  for  the  general  digital 
subscriber  line  signalling  interface.  Such  an  interface  should,  when  medium  or 
mTiwirn  integration  is  applied,  be  specified  for  both  telephony  and  data  applications. 

In  order  to  avoid  proliferation  of  new  customer  interfaces,  it  is  necessary  to 
harmonize  the  studies  on  a  multi-purpose  interface  for  non-voice  services  with  those  on 
local  IDNs.  On  the  other  hand  it  is  outlined  that  data  requirements  should  be  defined 
as  early  as  possible  in  order  to  be  properly  taken  into  account  when  developing  the 
general  digital  subscriber  line  signalling  interface. 


N3i  The  definition  of  standards  for  customer  access  to  different  services 

provided  by  I SDNs  should  be  made  in  such  a  way  as  to  allow  various  network  architectures, 
taking  into  account  the  varying  conditions  in  different  countries,  for  example  the 
provision  of  some  services  through  ISDNs  by  means  of  interworking  with  specialized 
networks.  Such  dedicated  networks  may  co-exist  with  the  developing  ISDN  at  least 
during  a  transition  period. 
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ASPECTS  OF  INTERFACES  BETWEEN  THE  DIGITAL  LOCAL  EXCHANGE  AND  THE  LOCAL 
LINE  OR  REMOTE  UK1TS  (D,  E,  F,  G  AND  H  IN  FIGURE  l) 

1  Study  Group  XI  is  specifying  the  parameters  and  characteristics  of  6k  kbit/s 
digital  switches  for  telephony  both  at  transit  and  local  levels.  In  the  first 
place  CCITT  Recommendations  for  digital  local  exchanges  should  cover  the 
connection  of  analogue  subscriber  lines  and  accept  already  established 
national  standards  for  analogue  subscriber  lines.  Interfaces  with  digital 
(telephone)  PABX  accepting  national  PABX  signalling  systems  snail  also  be 
covered. 

2  New  Recommendations  are  required  for  the  interfaces  concerning  digital 
subscriber  lines  to  include  data,  telephony,  telemetry,  etc.,  signalling  and 
alignment  functions. 

3  Moreover  it  shall  be  studied  what  additions  to  the  parameters  and 
characteristics  for  digital  6k  kbit/s  switches  specified  for  telephony,  if  any, 
are  required  for  the  use  of  these  for  data  switching. 

i*  New  Recommendations  are  also  required  for  exchange  interfaces  with  digital 

PABX,  remote  digital  PABX,  remote  MULDEX  and  other  multi-slot  services.  Note 
that  the  subscriber  line  and  multi-slot  transmission  systems  may  terminate  on 
a  MULDEX  or  a  concentrator  remote  from  the  serving  centre,  and  common 
interface  standards  should  apply  as  far  as  possible. 

5  At  the  present  time  remote  subscriber  connecting  units  are  considered  to  be 
functionally  part  of  the  local  exchange.  The  type  and  information  content  of 
the  signalling  and/or  control  channel  between  the  remote  subscriber  connections 
unit  and  the  exchange  terminal  is  at  present  considered  not  to  be  a  matter  for 
international  recommendation.  The  reasons  for  this  are  the  complexity  of  such 
a  recommendation  with  the  variety  of  realizations  presently  under  study. 

Most  of  the  implementations  considered  at  present  are  system-dependent,  but  a 
desire  has  been  expressed  (in  Study  Group  XI)  by  some  delegates  to  define  a 
system- independent  remotely  located  switching  unit  in  the  future.  In  this  case, 
CCITT  Signalling  System  No.  7  should  form  the  basis  for  the  signalling  and  control 
channels.  The  study  of  the  system- independent  remotely  located  switching  unit 
was  considered  to  be  additional  to  the  study  at  present  undertaken  in 
Study  Group  XI. 

6  The  digital  subscriber  line  interface  should  be  considered  from  the  functional 
point  of  view.  The  functional  description  can  apply  with  any  technical  solution 
for  the  transmission  format  or  structure  on  the  line. 

7  The  digital  subscriber  line  interface  might  provide  a  common  6k  kbit/s  interface 
for  the  users  information  path  for  all  services.  It  may,  however,  be  more 
economical  to  provide  separate  interfaces  for  some  services.  For  n  x  6k  kbit/s 
services,  n  x  6U  kbit/s  user  parts  might  be  applied. 


A  functional  interface  for  signalling,  control  and  alignment  purposes  should  be 
defined. 
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E9  The  interfaces  for  digital  PABXs  are  of  great  importance.  It  was  considered 
likely  that  two  different  interfaces  could  he  provided,  one  identical  or 
similar  to  the  digital  subscriber  line  interface  for  smaller  PABXs  and  another 
more  complex  one  for  the  larger  PABXs.  The  signalling  systems  used  in  the  two 
cases  may  differ. 

E10  Problems  arising  from  the  BORSHT 

Functions  (B  =  battery;  0  =  over-voltage  protection;  R  =  ringing; 

S  *  supervisory;  H  *  hybrid;  T  =  test  function)  are  to  be  studied. 


SIGNALLING  ASPECTS 


Note  :  Where  possible  these  points  have  been  extracted  from  available  text,  with 
modifications  to  take  account  of  subsequent  discussions.  Some  new  text  has  been 
derived  from  the  Questionnaire  associated  with  COM  XVIII-No.  131  and  from  subsequent 
replies  with  the  issue  of  this  Annex.  The  Questionnaire  is  considered  to  be  out  of 
date  and  will  not  be  studied  further  in  its  present  form.  Some  of  the  points  below 
may  be  more  appropriate  under  the  heading  of  Network  Aspects  in  later  issues. 

Customer/ network  s  i  totalling 

51  Classification  of  access  protocols 

Access  protocols  are  proposed  to  be  classified  in  two  types,  namely  : 

-  an  Out-slot  Protocol  (OP)  for  out-slot  signalling,  and 

-  In-slot  Protocols  (IP)  for  in-slot  signalling 

In  addition  to  these  access  protocols,  user-to-user  protocols  and  user-to-network 
resources  protocols  need  to  be  considered.  Some  of  the  user-user  protocols  may 
standardized  consistent  with  other  access  protocols. 

52  Out-slot  Protocol  (OP) 

An  out-slot  signalling  protocol  for  access  to  network  elements  controlling 
set-up  and  release  of  all  digital  64  kbit/s  circuit  switched  connections. 

OP  would  cover  signalling  for  simple  calls  and  further  signrlling  necessary 
for  control  of  such  supplementary  services/user  facilities,  depending  upon 
the  degree  of  integration.  See  N20.  The  OP  access  link  (i.e.  the  out-slot 
channel  with  its  level  2  technique)  would  typically  terminate  at  the  first 
subscriber  line  concentration  stage  and  the  OP  signalling  would,  as  applicable, 
be  further  conveyed  in  the  network  over,  for  example,  common  channel  signalling 
links. 

53  In-slot  Protocols  (IP) 

A  number  of  service  dependent  in-slot  signalling  protocols  for  access  to 
additional  network  functions.  In  some  cases  IP  would  correspond  no  a  second 
call  set-up  phase  (e.g.  in  some  interworking  situations). 
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IP  would  also  cover  -cases  of  communication  between  the  user  and  a  central 
network  function,  e.g.  for  facility  registration  and  cancellation  at  a 
special  service  centre.  A  simple  case  of  an  I?  would  be  transmission  of  digital 
tones  over  the  64  kbit/s  channel  to  a  calling  telephone  subscriber.  Another 
case  of  an  IP  would  be  the  application  of  levels  2  and  3  of  Recommendation  X.25 
to  access  packet-switching  facilities. 


S4  Where  digital  and  possibly  service-integrated  PABX  are  connected  to  an 

integrated  services  digital  network  the  signal ling  for  individual  customers 
access  could  oe  used  for  smaller  PABX  whilst  common  channel  signalling  seems 
appropriate  for  larger  PABXs.  This  means  that  any  study  of  new  signalling 
arrangements  for  digital  PABX  snould  he  performed  in  conjunction  with  the  studies 
of  signalling  on  digital  subscriber  lines  and  the  further  studies  of  common 
channel  signalling. 

35  Studies  of  a  signalling  system  for  customer  access  to  the  ISDN  should  be  based 
on  the  assumption  that  digital  transmission  techniques  will  be  extended  into  the 
local  network  down  to  the  customers  terminal,  and,  where  appropriate,  the 
characteristics  of  the  access  will  he  the  subject  of  CCITT  recommendations. 

56  Studies  of  the  customer/network  signalling  system  protocols  should  anticipate 
the  requirements  of  all  services  likely  to  he  carried  by  the  ISDN.  Due 
attention  should  be  paid  to  signalling  .for  a  basic  digital  telephone  service 
while  preserving  maximum  potential  for  more  complex  signalling  for  multi-service 
and  multi-cbaunel  terminals.  If  and  where  appropriate  some  allowance  should  be 
made  for  the  possibility  that  the  new  digital-access  signalling  system  might  be 
adapted  to  be  used  also  to  enhance  the  services  provided  by  conventional  analogue 
access . 

57  The  new  customer/network  signalling  system  should  include  the  capability  of 
carrying  signals,  in  either  direction,  between  the  customer  and  the  local 
exchange  without  interruption  of  the  channel  to  which  the  signals  refer.  This 
capability  will  permit  'silent'  signalling  for  telephony  customers  (e.g.  private 
meters ) . 

58  When  considering  customers  connected  to  the  ISDN  it  must  be  recognized  that 
some  will  require  only  dedicated  access  to  a  particular  service,  some  will 
require  alternative  access  -  possibly  on  a  cal]  by  call  basis  -  to  two  or  more 
services,  while  others  may  require  access  to  several  independent  services  at 
the  same  time.  These  options  should  be  taken  into  account  when  defining  the 
new  customer/network  signalling  system  and  it  has  been  suggested  that  an 
out-slot  signalling  link  should  be  provided  for  each  of  the  channels  used  for 
services.  However  it  is  accepted  that  such  signalling  links  may  not  exist 

in  'real'  channel  terms  because  they  are  provided  as  'virtual'  channels  using 
interleaved  messages  on  a  common  out-slot  transmission  channel  between  the 
customer  and  the  local  exchange.  Where  the  'virtual'  channel  method  is  used, 
the  signalling  system  must  contrain  suffient  addressing  etc.  to  identify  the 
different  channels  used  for  services.  In  addition,  where  channels  are  used 
alternatively  for  different  services,  the  signalling  system  must  incorporate 
a  means  of  identifying  the  service  required. 
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S9  The  digital  access  to  ISDN  is  expected  to  include  provision  for  very  low-rate 
data  and  telemetry  services,  some  of  which  may  be  switched  through  the  network. 
The  customer /network  signalling  system  could  permit  such  services  to  be  carried 
over  the  out-slot  transmission  path  using  either  a  cyclic  multiplex  or 
interleaved  messages. 

S10  The  signalling  system  should  be  suitable  for  use  in  local  networks  in  which 
customer  accesses  are  connected  to  an  interne -.date  digital  multiplex  to 
provide  transmission  to  the  exchange  over  standard  primary  local  digital  line 
systems.  In  these  circumstances  it  has  been  suggested  that  the  customer /network 
signalling  links,  in  'real'  or  'virtual'  channels  will  be  interleaved  onto  a 
common  bearer  such  as  T/Sl£  of  the  20U8  kbit/s  line  systems. 


511  The  signalling  system  should  be  suitable  for  use  with  simple  terminals  involving 
human  operators  such  as  for  the  telephone  service,  as  well  as  complex  terminals 
having  machine  generation  and  detection  of  in-slot  and  out-slot  signals. 

512  Consideration  should  he  given  to  the  possibility  that  the  ISDN  may  be  used  for 
services  which  require  unidirectional  transmission,  such  as  broadcast,  and  the 
effect  such  services  might  have  on  the  signalling  system  and  protocols 
operational  checks. 

S13-  Since  it  is  envisaged  that  ISDN  might  carry  wider-hand  services  using  the 
multi-slot  connection  techniques,  consideration  should  be  given  to  the 
signalling  protocols  appropriate  to  such  connections. 

Sib  During  the  definition  of  a  signalling  system  to  satisfy  the  requirements  for 
ISDN  access,  some  consideration  should  be  given  to  the  line-feed  and  other 
BORSHT  functions  to  establish  the  extent  to  which  the  signalling  system  may  he 
affected  by  different  implementations  of  these  functions. 


iaelines  on  transmission  requirements  for  customer  access 
a  range  of  customer  access  types 


Three  different  possibilities  could  be  identified  : 

a.  A  "single  subscriber,  single  timeslot"  requirement  of  (6k  +  A)  kbit/s 

in  each  transmission  direction.  (Examples  can  be  found  in  Documents  Nos. 
COM  XVIII-No.  310,  Section  1.3.1;  COM  XVIII-Nc.  265); 

b.  A  "single  subscriber,  multi-timeslot"  requirement  of  n  x  6k  kbit/s  +  A~ 
kbit/s  in  each  transmission  direction.  (An  example  can  be  found  in 
Document  No.  COM  XVIII-No.  266. ) 

c.  A  PABX  connection,  requiring  m  x  6k  kbit/s  +  A"  kbit/s  in  each  transmission 
direction  (COM  XVIII-No.  21*3). 

Study  of  bit  stream  structures  to  allocate  transmission  capacity  and 


-  Different  structures  will  be  required  for  the  classes  under  Sections  3- a  and 
3-c,  while  the  class  mentioned  under  Section  3.b  can  use  either  a  parallel 
combination  of  "3»a-syatems"  or  a  "3.c-systen". 

-  Delayed  Contribution  BT  indicates  some  general  outlines  for  possible  structures 
for  class  3. a. 

-  The  subscribers  loop  transmission  system  has  to  provide  for  the  transmission 
of  sufficient  information  between  the  exchange  and  the  subscribers  terminal 

in  order  to  make  demultiplexing  of  the  various  channels  possible.  (An  example 
has  been  indicated  in  Section  13  of  COM  XVIII-No.  310. ) 

Transmission  systems  for  access  types  identified  for  initial  study 

-  Delayed  Contribution  BT  (Section  2)  indicates  that  the  required  functions 
can  be  provided  with  either  2-wire  or  k-wire  transmission  systems. 

-  The  Report  of  Working  Party  XVII I /i  (Contribution  COM  XVIII-No.  312)  indicates 
the  power  feeding  of  the  subscribers  terminal  as  an  important  study  point. 

Transmission  system  for  connecting  PABXs 


-  The  required  transmission  systems  probably  are  almost  identical  to  the 

already  specified  151*1*  kbit/s  /20k8  kbit/s  systems  or  small  capacity  digital 
transmission  systems,  e.g.  11  x  6U  kbit/s  (JOk  kbit/s). 

No  information,  however,  on  this  subject  could  be  identified  in  the  available 
documents.  The  need  for  further  study  has  teen  indicated  in  the  report  of 
Working  Party  XVIII/1*  (Contribution  COM  XVIII-No.  312). 

Transmission  standards  applicable  to  remote  access  to  the  IS 


-  No  relevant  information  could  be  found  in  the  available  documen 
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T6  During  discussions  in  Working  Party  XVIII/1  it  became  clear  that  no 

Administration  yet  wished  to  specify  the  subscriber  line  transmission 
system  itself. 


CUSTOMER  INTERFACE  ASPECTS 


Cl  Working  Party  XVIII/1  has  so  far  identified  interface  types  as  shown  in 

Figure  1.  Not  all  of  these  interfaces  will  necessarily  be  the  subject  of 
CCITT  Recommendations.  Some  are  already  specified  in  CCITT  Recommendations 
and  these  should  be  taken  into  account.  The  aim  should  be  to  define  a  very 
gm«n  number  of  these  interface  types,  which  may  not  necessarily  appear  as 
physical  interfaces. 

C2  It  is  desirable  to  define  as  small  a  number  of  interfaces  of  types  A,  E  and 
C  as  possible,  while  allowing  for  all  types  of  STE  provided  to  meet  customer 
requirements. 

03  The  digital  local  network  may,  seen  from  the  customer  as  part  of  his  information 
system,  carry'  the  following  information  transactions  and  provide  the  following 
services  : 

-  speech  connect  ions 

*  supplementary  talepnone  services 

'  date  connect  ions  to  subscriber*  in  separate  data  networks  or  data 
equipment  in  the  digital  netverk;  for  connections  to  separate  data 
netwrks  the  connection  must  be  coeipetible  with  existing  standards 
for  circuit  -  or  packed-swi tched  services  and  existing  user  classes 

*  •  text  end  control  connection  to  local  or  rawte  information  data¬ 
base*.  teletex,  videotext  system  etc  {possibly  in  para! lei  to  the 
speech  connection) 


-  end-to-end  signalling  and  control  connection  with  the  remote  subscriber  for 
sess-  control  (terminal  configuration  control,  protocol  selection, 
input/out  selection) 

-  receiving/sending  of  text  and  other  non-voice  messages  to  subscriber  terminals 
including  the  case  of  calls  arriving  at  a  terminal  which  is  unattended  or 
engaged  on  another  call 

-  alarm  service  capable  of  carrying  alarms  from  sensors  etc.  independent  of 
communication  on  the  subscriber  line 


-  advanced  charging  information  capability. during  call. 


Ch 


It  is  expected  that  the  data  requirements  will  greatly  influence  the 
interface  and  work  cn  the  standards  should  take  account  of  those  app' 
for  circuit  and  packet  switched  data  transmission  (Recommendations  X 
The  interface  specification  should  be  structured,  and  based  upon  the 
identified  for  data.  For  example,  the  interfaces  of  the  digital  sub: 
could  be  organised  with  the  following  functional  levels  : 


Lstemer 


Level  t  -  Physical  link  provision  defining  the  functions  relating  to 
the  physical,  electrical,  logical  and  tine  transmission 
technique  related  parameters  or  the  interface  (as  applicable). 


. . . . . . . . . . . . 1 . . . . . . . *  . . W" 


Level  2  -  Link  access  protocols  defining  the  functions  relating  to, 

‘for  each  communication  channel  provided  by  level  1,  the 
technique  by  which  higher  level  information  is  transferred 
Over  the  channel. 

Level  3  -  Call  control  procedure  defining  the  functions  relating 
to  control  of  call  set-up  and  release  for  switched 
services. 

Level  k  -  End-to-end  protocol  defining  the  functions  relating  to 
end-to-end  ee— unication  between  subscriber  terminals 
or  between  subscriber  teneinals  and  network  resources. 

Depending  on  the  type  of  service  and  how  It  It  accessed  the  level 
2,  3  and  k  elements  may  have  to  be  defined  separately  for  different 
phases  of  a  call. 

SERVICE  ASPECTS 

Ml  In  considering  interface  A  at  the  subscribers  premises  to  be  the  user's  access 
point  to  the  ISDN,  it  is  recognized  that  the  link  to  the  exchange  may  be  shared 
for  several  services.  There  are  many  network  structures  possible  to  provide 
HUltiservice  c cmpat ability .  Figures  1  and  5  show  various  examples, 

a)  The  telephone  network  and  the  dedicated  networks  are  separated  at  the 
distributing  frame. 

Each  service  having  its  own  signalling  system. 

b)  The  telephony  network  and  the  dedicated  networks  are  separated  at  the  local 
switching  exchange.  The  aultiservice  signalling  system  is  used. 

-  For  the  telephone  signals 

~  For  the  seizing  signal,  the  clearing  signal  and  some  test  signals  for 
the  other  services. 

c)  The  multiservice  Network  is  completely  integrated  but  this  does  not  exclude 
sane  dedicated  service  Nodes  (processing  of  Data  Transmission) -  A  single 
multiservice  signalling  system  is  used  for  all  services. 

The  configuration  described  above  may  follow  each  other  in  a  transition 
period. 

M2  While  the  interworking  of  the  ISDN  evolving  from  the  telephone  network  with 
co-existing  dedicated  networks  will  lead  to  the  offering  of  the  wide  range  of 
existing  services  (e.g.  telephony,  X.l  and  X.2  data  services,  packet  switching) 
on  the  new  link  from  the  subscriber  to  the  exchange,  also  new  services  may 
emerge  as  new  features  of  the  homogenous  digital  network. 
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Figure  2  -  Enwpla  of  a  basic  ISDN  access  type 


CUSTOMER  ACCESS  FUNCTIONS 


Figure  3  -  An  example  of  ISDN  acceae  with  an  additional  data  service  channel 
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Annex  3 

{to  Question  1/XV1II) 


Digital  subscriber  line  signalling 
(Contribution  fross  American  Telephone  and  Telegraph  Ccaspany} 


1.  Scope  of  the  Contribution 

An  ovarviaw  of  possible  information  and  signalling  structures  for  a  Digital 
Subscriber  Line  is  presented  leading  to  a  channel-level  characterisation  of 
a  generalized  Digital  Subscriber  Line.  This  specific  Digital  Subscriber 
Line  structure  is  not  proposed,  but  should  be  an  element  of  the  set 
described  by  the  characterization.  The  requirements  upon  a  signalling  means 
to  support  the  generalized  Digital  Subscriber  Line  are  summarized  and 
several  specific  proposals  for  Digital  Subscriber  Line  signalling  are 
presented.  These  Include  the  signalling  channel  bit  rata,  the  use  of  e  bit 
oriented  protocol  at  the  link  level,  end  the  use  of  message  oriented 
signalling.  A  framework  for  a  layered  protocol  for  Digital  Subscriber  Line 
signalling  is  proposed,  with  recommendations  for  further  study  and 
contribution. 


2.  Introduction 

An  evolutionary  process  is  underway  toward  an  all-digital  telephone  network, 
including  digital  connectivity  into  the  subscribers  premises.  This  process 
began  with  the  introduction  of  digital  inter-exchange  transmission  and  is 
now  being  extended  into  both  the  transit  and  local  exchanges,  with  the 
addition  of  digital  subscriber  lines  this  all  digital  network  can  become  the 
vehicle  for  many  new  customer  services  based  upon  a  direct  digital  access 
cepebility.  This  ultimate  ell  digital  environment  will  become  the 
Integrated  Services  Digital  Network  (ISDN) . 


The  general  attributes  of  the  network  will  be 

1.  A  functional  channel  structure  whereby  Identifiable  channels  can  be 
realized  within  a  uni  form  digital  format. 

2.  The  availability  of  64  kbit/s  channels  between  the  subscriber  and  the 
network  which  may  carry  both  digitized  voice  and  nonvoice 
communication. 

3.  Common  channel  signalling  to  Implement  all  inter-exchange  signalling, 
separate  from  the  channels  available  for  intersubscriber 
coma unicat ion. 

4.  The  integration  of  non-voice  transmission  capabilities  and  services 
derived  therein  with  facilities  used  for  voice  communication. 

A  Digital  Subscriber  Line  connecting  the  subscriber  digital  station 
equipment  with  the  network  must  provide  a  flexible  end  robust  access  to  the 
network.  This  will  be  realized  through  the  extension  of  the  64  kblt/s 
channel  connectivity  to  the  subscriber,  as  well  as  the  definition  of  a  new 
signalling  Interface.  This  contribution  will  describe  In  general  terms  a 
Digital  Subscriber  Line  under  study  by  ATS?  and  will  focus  specifically  on 
the  signalling  portion  of  the  Digital  Subscriber  Line. 


because  the  opportunities  sfferdsd  by.  the  digital  connectivity  include  many 
features  that  are  new  to  telephony  it  Is  best  to  state  the  overall 
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functional  needs  to  be  met  by  the  Digital  Subscriber  Line  before  proceeding 
to  details  of  an  Implementation.  Therefore,  the  Digital  Subscriber  Line 
must  provide: 

1.  Basic  voice-band  telephone  capabilities.  The  familiar  call  set¬ 
up/disconnect  signalling  functions  must  be  provided  with  a 
subscriber-to-subscriber  voice  path  being  established.  The  voice 
path  shall  be  64  kblt/s  compatible  with  Recommendation  G.711,  The 
Digital  Subscriber  Line  itself  shall  provide  a  64  kbit/s  voice 
channel  between  the  subscriber  station  equipments  and  the  digital 
local  exchange  for  this  purpose. 

2.  Circuit-switched  64  kblt/s  digital  connectivity  for  non-voice 
communication.  This  can  be  provided  via  the  same  Digital  Subscriber 
Line  channel  used  for  voice  communication  on  an  alternate  use  basis 
or  through  additional  64  kblt/s  channel(s). 


3.  Signalling  means  to  establish  either  voice  or  non-voice  calls  on  the 
64  kbit/s  channel (s).  The  signalling  function  proposed  herein  is 
implemented  via  a  channel  separate  from  those  previously  defined. 
The  use  of  a  separate  channel  enables  the  definition  of  new  services 
to  the  subscriber  which  require  signalling  simultaneously  with  voice 
or  non-voice  communication  as  required  to  implement  multiple  channel 
call  set-up,  or  polling  based  features  such  as  security  services, 
etc.  Only  one  signalling  channel  will  be  specified  per  Digital 
Subscriber  Line  regardless  of  the  number  of  additional  voice  or  non¬ 
voice  channels. 


4.  Provision  for  low  traffic  density  ,  long  holding  time,  communication 
associated  with  new  non-voice  services.  Many  new  service 
capabilities,  such  as  electronic  security,  electronic  funds 
transactions,  enhanced  directory  services,  and  limited  data  base 
access  have  the  characteristic  of  interaction  between  the  subscriber 
at  his  terminal  equipment  and  a  network  (or  non-network)  resource. 
These  interactions  may  be  most  efficiently  provided  by  che  network 
through  a  message  switching  capability  rather  than  through  a  circuit 
switched  path. 

5.  far  a  Digital  Subscriber  Lin#  implemented  using  very  wide  bandwidth 
transmission  media  (such  as  fiber  optic  links)  the  possibility  of  the 
inclusion  of  video  bandwidth  channel (s)  should  be  accommodated.  In 
particular,  the  signalling  plan  should  be  extensible  to  control  such 
channels. 

A  general  definition  which  might  cover  the  specific  realization  of  a  Digital 
Subscriber  Line  which  meets  these  requirements  is  characterized  by 

Digital  Subscriber  Line  ■  nV  +  mD  +  pW  +  S  +  P, 

where  V  represents  64  kbit/s  voice  or  non-voice  channels.  The 
specific  Digital  Subscriber  Line  will  include  n  such 
channels  where  n  >  1. 

D  represents  <  64  kbit/s  channels  to  be  used  exclusively  for 
non-voice  communication.  The  Digital  Subscriber  Line  may 
contain  m  such  channels  where  m  >  0. 

W  represents  high-rate  channels.  A  fiber  optic  Digital 
Subscriber  Line  might  contain  p  such  channels  where  p  >  0. 
The  specific  transmission  mechanism  associated  with  hTgh- 
rate  or  video  channels,  whether  analogue  or  digital,  cannot 
be  established  at  this  time. 


(22) 
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represents  a  message  oriented  (as  distinguished  from 
circuit  switched)  channel  upon  which  all  signalling  to  and 
from  the  subscriber's  premises  takes  place. 


F  represents  framing,  synchronization  and  other  line  control 
bits.  These  signals  are  not  available  to  either  the 
subscrioer  or  exchange  for  information  transfer. 

A  functional  diagram  of  the  Digital  Subscriber  Line,  the  Digital  Local 
Exchange  and  the  subscriber  premise  equipment  is  as  depicted  in  Figure  1. 

The  Signalling  Channel  provides  for  the  coordination  and  control  between  the 
exchange  and  the  subscriber.  In  general,  the  subscriber  equipment  might 
consist  of  a  centralized  subscriber  control  equipment  and  a  multiplicity  of 
connecting  subscriber  terminal  equipments.  In  order  to  facilitate  this 
control  function,  the  signalling  channel  must  have  the  capability  to 
identify  call  activity  on  the  remaining  Digital  Subscriber  Line  channels, 
and  to  Identify  the  specific  subscriber  terminal  equipments  Involved  in  such 
activity.  As  such,  the  functional  needs  for  signalling  are  very  similar  to 
those  well  known  for  communication  between  a  pair  of  local  exchanges.  A 
channel  numbering  plan  and  a  terminal  numbering  plan  must  be  included. 

4.  Aspects  of  a  digital  subscriber  line  subject  to  Recommendation 

It  should  be  the  objective  of  ReCbmmendat ion  to  encourage  flexibility  where 
growth  and  change  is  desirable,  and  to  fix  certain  parameters  where  growth 
or  < ?ange  would  render  major  portions  of  a  digital  network  obsolete.  The 
possibility  of  a  family  of  specific  Digital  Subscriber  Lines  with  various 
number  of  V,  D,  and  W  channels  should  be  kept  open  because  future  service 
opportunities  may  require  additional  bandwidth.  Future  technology, 
especially  fiber  optics,  may  provide  the  high  bandwidth  Digital  Subscriber 
Line  connectivity  in  a  cost  effective  manner.  However,  the  specific 
communication  protocols  associated  jlth  Digital  Subscriber  Line  signalling 
should  be  established  and  held  reasonably  constant  in*order  to  minimize  the 
impact  of  evolutionary  change  upon  the  network  signalling  facility.  It  is 
therefore  desirable  to  establish  a  highly  flexible  Digital  Subscriber  Line 
signalling  plan  which  is  both  general  and  extensible  and  independent  cf  the 
transmission  method  and  medium  to  provide  a  built-in  mechanism  for  growth 
and  change.  Such  a  goal  may  be  realized  through  the  use  of  a  message 
oriented  signalling  protocol  following  generally  in  method  and  philosophy 
from  that  established  for  inter-exchange  common  channel  signaling. 

The  Digital  Subscriber  Line,  therefore,  6hould  be  defined  given  a  minimum 
configuration  with  opportunities  for  further  extension  in  the  areas  r  *  voice 
and/or  non-voice  channels.  The  minimum  Digital  Subscriber  Line  c».  .ists, 
therefore,  of  a  signalling  channel  and  a  single  voice  channel.  Obvious 
extensions  include  additional  64  kbit/s  voice/non-voice  channels,  additional 
non-voice  channels  of  (for  the  present)  unspecified  bit  rates,  or  video  rate 
channels. 

With  reference  to  Figure  1,  the  channels  previously  described  should  be 
defined  specifically  at  Interfaces  B  and  E  only.  This  will  allow  for 
evolutionary  improvements  of  the  transmission  and  system  technologies 
related  to  interfaces  C  and  D.  Interface  A  should  also  become  subject  to 
standardization  but  refers  to  the  i ntraprem ises  link  between  a  subscriber 
terminal  and  the  centralized  communications  equipment.  As  such,  it  is  not  a 
component  of  the  Digital  Subscriber  Line;  l.e.,  it  does  not  interface 
directly  to  the  network  and  should  be  considered  separately. 

With  these  considerations  in  mind,  the  remainder  of  this  contribution  will 
be  addressed  to  the  information  structure  of  the  Digital  Subscriber  Line  as 
specified  at  Interface  E.  Specific  bit  rates  will  refer  to  the  information 
bit  rate  of  that  interface  and  not  to  the  transmission  rate  as  specified  at 
interfaces  c  or  D. 


(22) 
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5.  Bit  rates  associated  with  the  digital  subscriber  line 

The  Digital  Subscriber  Lina  shall  carry  signalling,  voice,  and  non-voice 
Information  organized  into  channels  and  conforming  to  the  expression 

Digital  Subscriber  Line  -  nV  +  mD  ♦  S. 

A  bit  rate  associated  with  video  transmission  (W)  cannot  be  established  at 
this  time,  and  will  be  omitt-d  from  further  discussion.  Also,  the  specific 
bit  rate  associated  with  <  kbit/s  non-voice  channels  (D)  cannot  be 

identified  at  this  time.  at  interface  E  (Figure  1)  voice  or  non-voice 
channels  (V)  shall  be  realized  at  64  kbit/s.  The  signalling  channel  shall 
be  realized  at  >  8  kbit/s. 


The  particular  electrical  format  defined  at  Interface  E  is  not  proposed 
herein,  only  the  Information  to  be  provided  at  Interface  E  is  specified. 

In  addition  to  the  above  channels,  non-information  bits  will  be  provided  for 
synchronization  and  alignment.  All  such  bits  used  for  line  synchronization, 
framing  and  line  Integrity  appearing  at  Interfaces  C  and  D  shall  be  utilized 
by  the  Line  Terminating  Equipment  (LTE)  and  not  reported  to  Interface  B. 

The  selection  of  a  bit  rate  for  the  signalling  channel  must  take  into 
account  both  the  average  message  information  bit  rate  to  meet  the  needs  of 
telephony  and  new  services,  and  minimum  delay  requirements  with  respect  to 
system  responsiveness  to  subscriber  input  stimuli.  Studies  have  shown  that 
the  average  information  rate  (channel  occupancy)  on  the  signalling  channel 
will  be  very  low  .  However,  the  delays  associated  with  a  message  oriented 
signalling  protocol  would  be  excessive  at  low  signalling  channel  bit  rates. 
Therefore,  in  order  to  minimize  signalling  delays  in  order  to  meet 
anticipated  STE/ET  delay  requirements  a  signalling  channel  bit  rate  of  at 
least  8  kbit/s  is  proposed. 


6.  Communication  protocol  associated  with  digital  subscriber  line 
signalling 

In  order  to  maximize  the  flexibility  and  extensibility  of  Digital  Subscriber 
Line  signalling,  the  choice  of  a  hierarchical  (or  layered)  signalling 
protocol  is  recommended.  Schemes  similar  to  Signalling  System  No.  7  have 
been  considered  as  models  for  such  a  protocol.  Because  the  Digital 
Subscriber  Line  Interfaces  with  the  customer's  premises,  the  cost  of 
signalling  implementation  must  be  kept  as  low  as  possible.  For  this  reason, 
the  direct  utilization  of  Signalling  System  No.  7  for  Digital  Subscriber 
Lines  does  not  seem  reasonable.  However,  a  new  hierarchical  protocol  tuned 
to  the  needs  of  Digital  Subscriber  Line  signalling  is  generally  described  as 
follows : 

Level  1  -  Physical  Li  A  full  duplex  link  of  at  least  B  kbit/s  is 
specifically  sroposed. 

Level  2  -  Link  Level  Control:  Link  control  procedures  using  a  bit  oriented 
protocol  with  a  frame  level  structure  comprising  frame  delimiters 
(flagt'i  ,  zero  insertion/deletion,  and  cyclic  redundancy  check. 
This  will  provide  secure  message  alignment  protected  from 
information  pattern  simulation,  complete  transparency,  and 
effective  detection  of  transmission  errors.  Specific  error 
recovery  procedures  should  be  tailored  to  Digital  Subscriber  Line 
signalling  characteristics. 

Level  3  -  Routing:  Message  level  control  will  be  required  to  manage  end- 
to-end  message  communication. 
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Level  4  -  End-to-End -Message  Transfers  Messages  will  be  passed  from  the 
subscriber  control  equipment  to  the  digital  local  exchange 
requiring  little  message-transfer  control.  However,  those 
messages  destined  for  o.ther  entities  in  (or  external  to)  the 
telephone  network  will  require  message  transfer  control.  Further 
contributions  are  required  in  this  area. 

Level  5  -  Application:  The  end  applications  consist  of  the  software 
processes  located  in  the  subscriber  control  equipaient  and 
signalling  destination  which  actively  initiate  and/or  receive 
signalling  messages. 

Formal  specification  of  layering  beyond  level  5  is  not  proposed  in  this 
contribution  and  may  not  be  necessary  because  the  software  in  the  Subscriber 
Control  Equipment  will  not  be  excessively  complex.  This  does  not  preclude 
further  layering  of  the  application  layer  at  the  discretion  of  the  user. 

Specific  definition  of  Levels  1,  2,  and  3  should  be  the  subject  for 
Recommendations,  while  the  full  definition  of  Levels  4  and  5  should  be  left 
to  the  particular  Administration.  A  basic  message  set  should  be  defined  at 
levels  4  and  5  to  accommodate  basic  telephony  services.  However,  the  full 
message  set  will  reflect  the  particular  set  of  services  and  features  to  be 
offered  by  the  individual  Administrations  and  may  vary  from  Administration 
to  Administration. 

Message  types  to  be  included  in  Level  5  include  signal  and  maintenance 
information.  Messages  should  be  addressable  from  the  subscriber  control 
equipment  to  the  Local  Exchange  for  normal  signalling,  for  end-to-end 
terminal  control  and  for  special  call  features. 


7,  Conclusion 

A  signalling  plan  for  Digital  Subscriber  Lines  must  not  be  limited  by 
present  technological  realizations.  Future  capabilities  will  surely  add 
continual  growth  to  the  requirements  of  Digital  Subscriber  Line  signalling. 
An  overview  of  a  flexible  and  extensibls  signalling  protocol  under  study  by 
ATfcT  has  been  described  herein  for  consideration  in  this  erea.  A  major 
problem  area  still  to  be  addressed  is  the  interworking  of  Digital  Subscriber 
Lines  with  analogue  subscriber  lines  via  either  digital  or  analogue 
Interexchange  circuits  for  the  end-to-end  transmission  of  push-button 
telephone  generated  information. 


(22) 


COM  XVIII-No .  1-2 


SUBSCRIBER  PREMISES  DIGITAL  SUBSCRIBER  CNOTTAL  LOCAL 


I  I 


LEGEND 

STE*  SUBSCRBER  TERMKAL  EQlflPMENT 
SCE-  SUBSCRIBER  CONTROL  EQUIPMENT 

lte*  lme  termmatmq  equipment 

ET-  EXCHANGE  TERMMAL 

Figure  1  Functional  Interfaces  for  Digital  Subscriber  Une 

Annex  b 

(to  Question  i/XVIII) 


Studies  of  digital  local  networks 
(Contribution  from  Swedish  Administration) 


Introduction 

In  contribution  COM  XI  -  No. 277/COM  XVIII  -  No. 310  the  Swedish  Administration 
presented  the  results  of  discussions  among  some  European  countries  on  a 
possible  basis  for  international  studies  of  digital  local  networks.  The  same 
contribution  was  available  as  delayed  document  D.lb  at  the  April  1979  meeting 
of  Study  Group  VII.  Extracts  of  the  document  are  included  as  the  Annex  to 
draft  Question  IF/VI  I  (see  COM. VI I  -  No. 369.  p.2b0). 


These  discussions  have  continued  and  resulted  in  an  updated  version  of  the 
report  already  submitted.  Especially,  sections  1.3  and  l.b  of  the  first  report 
have  been  replaced  by  new  sections  1.3.  l.b  and  1-5-  For  updating  of  the  in¬ 
formation  submitted  in  the  first  report  these  new  sections  1.3,  l.b  and  1.5 
are  reproduced  in  this  contribution.  The  report  is  a  result  of  an  expert  group 
in  which  the  following  Administrations  participated: 

Belgium,  Oenmark,  France,  Finland,  Germany  (Federal  Republic),  Italy, 
Netherlands,  Norway,  Spain,  Sweden,  Switzerland. 
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1 . 3  Functional  -network  architecture 

1.3.1  Concept  of  two  categories  of  network  functions 

A  first  approach  is  to  identify  two  categories  of  network  functions: 

-  a  category  of  basic  functions  relating  to  circuit  switched  64  kbit/s 
digital  connections  which  would  be  provided  by  all  local  exchanges; 
this  category  provides  telephony  and  possibly  circuit  switched  data 


-  a  category  of  additional  functions  relating  to  services  which  require 
additional  capabilities  which  need  only  be  provided  in  special  equip- 
ments  located  in  particular  network  nodes  or  provided  by  specialized 
sub-networks.  The  digital  local  network  would,  as  part  of  the  basic 
functions,  provide  access  to  these  special  equipment  or  sub-networks. 
Such  access  would  be  on  demand  and  on  a  call-by-i.aU  basis  following 
class  of  service  or  selection  information  or  on  a  hot-line  basis 
for  every  call  from  a  particular  customer.  Signalling  between  the  cus¬ 
tomer  terminal  and  the  special  equipments  would  be  inslot  and  in¬ 
dependent  of  the  basic  functions. 

Figure  2  illustrates  this  concept  of  two  categories  of  network  func¬ 
tions.  Further  activities  are  required  to  achieve  a  more  precise 
and  detailed  illustration  of  different  aspects  of  the  (functional) 
network  archi lecture.  Also,  a  suitable  terminology  for  describing 
different  phases  in  network  evolution  needs  to  be  established.  It 
Is  for  example  desireabie  that  the  CCITT  definition  of  ISON  is  modi¬ 
fied  to  take  evolutionary  aspects  into  account. 

1.3.2  Interfaces,  levels 

With  regard  to  the  different  interfaces  of  the  digital  local  network 
(see  Figure  1)  it  will  be  required  to  define  for  each  interface  a 
number  of  Interface  elements  relating  to  the  technique  adopted  and 
the  customer  access  protocols  for  different  services.  These  interface 
elements  should  be  organised  In  functional  levels  corresponding  to 
for  example  the  open  systems  architecture  being  developed  by  CCITT 
and  ISO.  For  example,  the  interfaces  of  the  digital  subscriber  line 
could  be  organized  with  the  following  functional  levels: 

Level  1  -  Physical  link  provision  defining  the  functions  relating  to 
the  physical,  electrical,  logical  and  line  transmission 
technique  related  parameters  of  the  interface  (as  applicable) 

Level  2  -  Link  access  protocol  defining  the  functions  relating  to, 
for  each  coRtnunication  channel  provided  by  level  I,  the 
technique  by  which  higher  level  information  Is  transferred 
over  the  channel. 

Level  3  *  Call  control  procedure  defining  the  functions  relating 
to  control  of  coll  set-up  and  release  for  switched 
services. 

Level  4  -  End-to-end  protocol  defining  the  functions  relating  to 
end-to*end  communications  between  subscriber  terminals 
or  between  subscriber  terminals  and  network  resources. 
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Depending  on  the  type  of  service  and  how  it  is  accessed  the  level 
2,  3  and  4  elements  may  have  to  be  defined  separately  for  different 
phases  of  a  call. 

1.4  Customer  access  types 

Customer  terminals  and  digital  PABX  will  evolve  rapidly  with  techno¬ 
logies  like  microprocessors,  automation  in  the  office  sector  and  the 
definition  of  new  services.  An  appropriate  definition  of  the  customer 
access  is  therefore  of  utmost  importance.  Whilst  aiming  at  a  flexible 
and  openended  approach  to  new  services  and  customer  terminals,  a  limi¬ 
ted  number  of  customer  access  types  should  be  standardised. 

1.4.1  Fundamental  assumptions 

The  customer  access  types  defined  in  this  and  subsequent  paragraphs 
relate  to  the  functional  elements  of  the  local  network  as  shown  in 
Figure- 1.  A  number  of  basic  information  types  generated  and  received 
by  1 SOM  customers  have  been  identified.  These  types,  which  are  charac¬ 
terised  taking  type  of  service,  information  rate  and  handling  in  the 
network  into  account, comprise* 

Type  a  -  Signals  corresponding  to  a  conventional  (analogue)  telephone 
subscriber  station,  i.e.  including  decadic  pulsing  or  multi 
frequency  signalling  (HFPB) 

Hote  Ho  further  consideration  is  given  to  this  type  of 
information  in  the  context  of  access  definition. 

Type  b  -  Digital  information  at  64  kbit/s  representing,  for  example: 

(i)  digital  voice  at  64  kbit/s 

(li)  digital  signals  at  64  kbit/s  (e.g.  Rec.  X.  1  data 
user  classes  with  rate  adaptation  at  the  Circuit 
Terminating  Equipemnt  (CTE)  up  to  64  kbit/s) 

(it i)  Combined  digital  signal  at  an  overall  bit  rate  of 
64  kbit/s  (e.g.  digital  voice  together  with  data). 

While  some  customers  will  require  dedicated  access  to  only 
one  of  these  service  options,  provision  should  be  made  fer 
alternative  operation  on  a  call  by  call  basis,  and  for  changing 
during  an  established  call.  Limitations  to  this  latter  fea¬ 
ture  will  be  encountered  in  mixed  analogue/digital  networks 
(see  para  2. 1 . c) . 

Type  bb  -  Digital  information  at  n  x  64  kbit/s  representing,  for  example, 

(i)  digitally  encoded  broad-band  audio  signals 

(ii)  high  speed  non-voice  services  (e.g.  fast  facsimile 
or  still  picture  transmission). 


(iii)  combinations  of  (i)  and  (ii). 


No. 


Type  t  -  Telemetry  informations  at  very  tow  rate  conveying  for  example: 
'(i)  customer  alarms 

(ii)  signals  for  remote  control  of  equipment  on  custo¬ 
mer's  premises 

(ili)  remote  meter  reading. 

Type  d  -  Digital  information  representing  low  speed  services  (e.q.  accor¬ 
ding  to  Rec .  X.  I  at  a  maxi  nun  user  rate  of  either  4.8  or 
S.6  kbit/s;  see  also  1.4.2).  This  information  may  be  trans¬ 
ferred  simul taneosly  with  the  information  of  type  b,  e.g. 

-  for  access  to  a  data  base 

-  fer  transmission  of  a  facsimile  picture. 

Furthermore,  d  might  represent  a  Spare  capacity  for  uses 
yet  to  be  defined. 

Type  s  -  Basic  subscriber-network  signalling  information  channel 

allowing  for  the  control  and  monitoring  of  network  resources 
by  the  customer  (in  a  broad  sense,  e.g.  including  call  pro¬ 
gress  Signals,  charging  indication,  caintenance  information, 
etc.). 

It  is  understood  that  a  single,  unified  signalling  system  should 
be  defined  having  the  capability  to  control  the  access  of  one 
b-type  Informal  ion  and  also  of  one  ensemble  like  b  ♦  d  and  also 
of  multiple  b-type  information  accesses. 

1.4.2  Basic  access 

The  basic  digital  customer  access  to  the  ISOM  is  defined  in  relation 
to  interface  B  of  Fig.  1.  It  provides  for  the  transfer  of  information 
on  a  channel  with  the  following  composite  structure. 


&  i 

The  following  aggregate  bit  rates  arc  foreseen: 

■  channel  b;  64  kbit/s 

-  channel  16  kbit/s  and  £  kbit/s. 

Note  -  The  choice  between  16  kbit/s  and  S  kbit/s  should  be  further 

assesed  taking  in«»  account  furth.r  considerations  on  the  in¬ 
formation  type;  namely  the  desirability  of  providing  for  such 
information  and  the  limitation  of  the  rate  for  such  information 
to  4.8  or  9.6  kbit/s. 

Cnar.net  b  refers  to  a  Chw  -.r.el  with  characteristics  defined  in  1.4.1 

while  for  channel  A  ,  two  alternatives  are  set  for  further  study; 

(A)  represents  a  comaon  poo!  dynamically  shared,  as  applicable, 
by  different  information  types  s,  t  and  d. 


{8}  is  divided  in  a  fixed  way,  by  appropriate  time  division  oulti- 
plexing  techniques,  into  two  subchannels/^  and  A 

A  j  is  dynamically  shared  by  information  tvoes  s  and  t 

/\  ^  i*  allocated  to  information  tv»e  d. 

It  is  understood  that  the  two  alternatives  (A)  and  (8)  represent 
in  fact  two  classes  of  possible  solutions.  It  is  urgently  re¬ 
quired  to  evaluate  the  elements  of  both  classes  in  order  to  be  able 
to  quickly  decide  on  only  one  (class  of)  solution(s). 

Kote  1  "  The  requirements  for  an  additional  communication  channel  such 
as  for  the  d  type  of  inforraac ion,  (A)  and  (S)  alternatives,  nay  also 
be  covered  by  a  second  b  channel. 

fate  2  -  With  the  exception  of  one  administration,  the  view  was  gene¬ 
rally  expressed  that  information  on  the/i^  channel  will  be  padded  to 
64  kbit/s  prior  to  switching  an  the  exchange. 

The  agreed  co*xan  features  of  the  channel  in  version  (A)  and  the 
A  channel  in  version  (S)  are: 

-  Signalling  in  the  form  of  messages  of  variable  length 

-  Each  message  will  be  framed 

-  Frames  will  be  delimited  by  appropriate  flags 

-  Signalling  protocols  should  be  bit  rate  independent 

-  Signalling  protocols  should  be  structured  into  a  number  of  functional 
levels  or  layers  (see  1.3.2}. 

In  alternative  (A)  where  d  type  of  information  when  used  for  some  packet 
switched  data  service,  will  be  message  interleaved  with  signalling  in¬ 
formation,  the  intention  is  to  specify  a  comparatively  single  link 
access  protocol  (level  2)  primarily  designed  for  signalling  requirements; 
thus  the  full  capabilities  (and  complexi tics)of forexereple, the  X.25  inter¬ 
face,  level  2,  will  not  be  provided  in  the  signalling  access  protocol. 

In  the  following  the  terra  "out-slot  channel"  will  be  used  to  denote  the  ^ 
or  (  A,  +  A2)  Channel. 

1-4-3  broadband  access 

Three  cases  of  access  for  bb-type  information  have  been  identified: 

(i)  In  case  the  ISO*  allows  for  multistat  switching  of  «  x  64 
kbit/s  (n  being  a  small  integer) ,  appropriate  C  and  D  type 
Interfaces  must  be  defined,  preferably  in  line  with  other 
standard  multiplex  interfaces. 

Note:  The  multislot  switching  capability  is  for  further  study. 
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(ii)  If  (i)  does  not  apply,  a  fen  parallel  basic  accesses  according 
to  1.4.2  may  be  provided.  Fu-ther  study  is  needed  to  incor¬ 
porate  mechanisms  within  the  CTl  which  ensure  line  slot  se¬ 
quence  integrity. 

For  both  (i)  and  (ii),  the  agreed  subscriber  network  signalling  method 
id  identical  to  the  one  described  in  1.4.2.  Further  study  is  needed 
for  the  practical  impleaentai ion. 

(iil)  For  services  requiring  several  64  kbit/s  digital  paths  an 
appropriate  standard  multiplex  for  subscriber  access  will 
be  provided.  The  signalling  a-rangcrent  for  these  applica¬ 
tions  are  for  further  study. 

1.4.4  PASg  access 

Two  cases  have  been  identified: 

Type  1  -  Access  of  the  PA8X  to  the  serving  local  exchange  is  either  by 
by  a  number  of  individual  basic  accesses  or  alternatively  through 
a  suitable  multiplex. 

T/pe  2  -  Connection  of  the  PAbX  to  the  serving  local  exchange  is  per¬ 
formed  by  an  appropriate  standard  multiplex,  with  cocoaon  channel 
signalling.  The  Message  Transfer  Part  of  the  signalling  shall  be  con¬ 
sistent  with  the  one  defined  in  CCSTT  Signalling  System  fco.  7- 

1.5  Explanations  to  Figure  1 

Figure  1  shows  a  number  of  possible  functional  interfaces  in  the  local 
networks  of  ISDH,  some  of  which  may  need  to  be  the  subject  of  recommen¬ 
dations.  It  is  emphasised  that  the  block  diagram  represents  functional 
entities  and  is  not  intended  to  represent  hardware  iiaplementations- 

Ths  following  comments  apply  to  Figure  t. 

a)  Tne  functional  circles  diagram  wi thin  the  large  SI  1C  ubx  represents  the 
routing  of  information  typus  into  the  64  kbit/s  basic  channel  and 

the  out-slot  channel. 

b)  The  SifC  functional  representation  in  Figure  1  docs  not  imply  that 
all  functions  may  indeed  always  be  iapl canted,  e.g  the  out-slot 
channel  access  for  low  speed  services. 

c)  A  certain  degree  of  flexibility  is  recommended  when  interpreting  the 
various  functional  interfaces  of  the  SLIC:  AJt  A^,  A,  and  Bg.  While 
interfaces  A,  and  A,  will  typically  correspond  to  external  equipment 
Interfaces,  interfaces  Aj  and  B  might  correspond  to  internal  inter¬ 
faces  only.  Interface  Aj  typically  refers  to  the  physical  connec¬ 
tion  of  a  digital  vioce  channel  at  64  kbit/s  with  digital  out-slot 
signalling.  Should  this  interface  correspond  to  the  physical  connec¬ 
tion  of  an  analogue  voice  channel  then  coice  coding  and  digital  out- 
slot  signalling  generation  would  be  performed  by  the  SLIC.  Interface 
A,  typically  refers  to  th*  physical  connection  of  a  data  terminal 
equipment  (DTE).  For  example  this  may  in  the  near  future  be  an  X.21 
or  X.25  type  of  interface;  in  this  case  data  otddino  uo  to  64  kbit/s 
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and  out*Sto£  signalling  Generation  are  performed  by  the  SLIC.  However, 
for  future  data  communication  this  interface  might  correspond  to  the 
connection  of  a  NTE  ameratinq  data  at  6k  kbit/s  with  digital  out-slot 
signalling,  Similarly  interfaces  A-  might  correspond  to  the  physical 
connection  of  slow  soeed  DTEs  operating  with  a  CC1TT  standard  inter¬ 
face  or  a  new  interface. 


d}  In  view  of  the  Severn !  types  of  interfaces  A^.  and  A,  it  is  rc- 
coonised  that  priority  should  be  Given  in  the  first  instance  to 
the  study  of  interface  where  the  characteristics  of  the  6k  kbit/s 
and  the  channel  can  be  specified  reaardless  of  the  physical  imple¬ 
mentation  of  functions  performed  b\  STEs  and  SLICs. 


The  SLIC  caps  the  characteristics  of  the  different  Aj .  A  and  A 
interfaces  into  a  common  Bg  interface.  Interface  BQ  rcaufres  the 
specification  of  various  interface  levels,  including  the  inter¬ 
leaving  technique  of  the  various  types  of  information.  It  is  recog¬ 
nised  that  the  interleaving  technique  might  imply  or  not  teoly  the 
provision  of  alignment  information;  this  information  might  be 
carried  over  the  subscriber  loop  by  exploiting  the  line  transmission 
technique  (e.a.  the  line  coding). 

el  Concerning  network  provided  broad-band  services  requiring  n  x  6k  kbit/s 
the  interfaces  6.,  C_  and  0,  will,  depending  on  the  value  of  a  and 
the  conditions  in  each  particular  case,  be: 


-  n  parallel  8^,  C1  and  interfaces,  respectively,  or 

-  Cj  and  F  interfaces,  respectively. 

See  also  I.I.J. 

f)  Concerning  PAJJXs  (of  type  2),  interfaces  9*.  and  D  will  natch 
the  E.  F,  C^  and  C^  respectively.  See  also  i-k.k. 

g)  Concerning  remote  digital  concentrators  and  nuldexes  the  use  of 
the  standard  2  Mb'n/s  and  3  Kbit/s  interfaces  is  envisaged.  Inter¬ 
faces  E  and  F  should  be  in  accordance  with  CCITT  Rec.  G7G3.  Although 
some  differences  probably  cannot  be  avoided,  interfaces  E  and  F  should 
be  based  on  Rees.  G  73k  and  G.  7«6.  A  new  muldex  with  lower  capacity 
than  2  Kbit/s.  of  which  possible  standardisation  is  under  study,  can 
also  be  used  for  interfaces  E  and  P. 


Types  of 
Services 


Analogue 

telephony 


SAiS 


*» 

4 


r 

Ditit.  ai 
telephony 
(64  kb/s} 


Data,  telex 
telegraphy 
(464  kb/s} 


Lou  speed 
services, 
e.g. ,  data, 
telesetry 
(«64  kb/s) 


Broadband 
services 
(nx64  kb/s) 


Various 

services 


D 

D 

O 


IE  =  Subscriber  1 

T.Tf*  s  7 


□  oo 
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QUESTION  3/XVIII  -  Synchronization  in  digital  networks 
(continuation  of  Question  3/XVIII,  studied  in  1977-1980 ) 

Considering 

a)  that  general  agreement  has  been  reached  in  the  previous  study  period  on  the 
need  for  high  quality  timing  control  in  the  national  digital  networks, 

b)  that  the  decision  to  operate  international  connections  in  the  first  instance 
on  a  plesiochronous  basis  has  been  made, 

c)  that  the  interest  has  been  expressed  by  some  Administrations  in  continuing  to 
study  the  possibility  in  the  longer  term  of  a  synchronized  international  network, 

d)  that  the  requirements  on  the  interconnection  of  international  digital  links 
are  defined  in  Recommendation  G.811, 

e)  that  basic  agreement  has  been  reached  on  the  need  for  end-to-end  performance 
requirements  on  digital  connections, 

f)  that  some  of  these  requirements  have  been  defined  in  draft  Recommendation  G.822, 

g)  that  further  refinements  of  these  Recommendations  are  required, 

1)  What  are  the  requirements  for  synchronization  methods  in  national  networks, 
to  provide  compatibility  in  international  connections  and  to  ensure  the  end-to-end 
performance  requirements  are  met  ? 

2)  What  methods  should  be  used  for  the  synchronization  of  the  international 
ISDN  and  dedicated  IDNs  7 

3)  What  additional  slip  criteria  are  to  be  recommended  for  the  end-to-end 
performance  of  a  digital  connection,  during  periods  of  temporary  loss  of 
synchronization  7 

4 )  Ho<  should  the  reliability  of  network  clocks  be  defined  and  what  values 
should  be  allocated  to  reliability  7 

5)  What  synchronization  requirements  are  needed  when  satellite  switched/TDMA 
mode  links  are  incorporated  into  the  network  7 

6)  What  further  studies  are  required  to  define  the  limits  of  wander  likely  to 
be  encountered  7  How  should  this  be  specified  7 

7)  What  modifications  or  additions  are  required  to  Recommendation  G.8ll 
(Performance  of  clocks  suitable  for  plesiochronous  operation  of  international  digits 
links)  and  G.822  (Controlled  slip  rate  objectives  on  an  international  digital 
connection)  7  It  will  be  desirable  to  harmonize  the  relevant  G,  Q  and  X  series 
Recommendations . 

8)  What  additional  Recommendations  need  to  be  formulated  to  satisfy  the  above 
points  7 


(22) 
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Annex 

(to  Question  3/XVIII) 

Proposed  draft  Recoaaendation  G.8YY  -  Jitter  and  wander 
in  a  digital  network 

(contribution  by  Nippon  Telegraph  t  Telephone  Public  Corporation) 


1,  Introduction 


Study  Group  XVIII  agreed  to  define  the  Recoaaendation  G8YY 
specifying  aaxiaua  tolerable  wander  as  a  design  object  of  a  frame  aligner  at 
network  node.  The  general  guideline,  as  follows,  was  established  at  the 
May,  1979  meeting. 

a)  It  should  be  recognized  that  excess  buffer  size  will 
significantly  increase  the  delay  through  the  exchange. 

b)  The  specification  on  wander  should  be  taken  as  a  common 
design  requirement  for  a  frame  aligner. 

c)  In  the  study  of  wander,  it  Is  necessary  to  refer  to  present 
CCITT  Recommendations. 

-G.721:  hypothetical  reference  digital  path 
“  0.10*1:  hypothetical  reference  connection 
—  G.81 1 :  international  pleslochronous  links 


This  contribution  provides  the  basis  for  technical 
considerations  on  this  matter  as  well  as  the  text  of  draft 
recommendation  G.BYY. 

2.  Poraneter  related  to  wander 

2-i  Het.kork  .configuration 

a)  The  national  network  has  five  hierarchical  levels. 

b)  Maximum  length  of  digital  links: 

long-haul  link:  5000  km 
short-haul  'ink:  100  km 

2.2  Source -of  wander 

Two  factors  are  considered: 

a)  delay  deviation  due  to  temperature  variation  in 
transmission  facilities; 

b)  phase  deviation  of  oscillators  at  a  network  node. 

(22 ) 
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2.3  Minder. due  to  traoaiaalan  faslUUea 

2-3.1  Types  of  transmission  systems 

To  specify  the  wander  of  transmission  facilities,  it  is 
sufficient  to  take  into  account  only' the  cable  transmission  systems.  It  is 
because  wander  via  radio-relay  systems  can  be  considered  to  be  smaller. 

Hander  of  satellite  and  optical  fiber  links  is  for  further 

study. 


2.3.2  Delay  variation  performances 

Two  factors  should  be  taken  into  account  to  specify  the  wander 
value  of  transmission  facilities:  cables  and  repeaters. 

a)  Performanne  of  eabiee 

Delay,  performances  due  to  temperature  variation  can  be  given 
as  follows: 

symmetrical  pair 

paper- insulated :  3.0  na/km  °c 

polyethylene- insulated:  0.3  ns/loa  c 
coaxial  cable  (2. 6/9. 5  am):  0.03  ns/ka°c 

b)  Performance  of  repeaters 

Delay  variation  performance  mainly  due  to  mistuning  of  a  tank 
circuit  can  be  specified  as  follows: 

At/AT  s  2/fo  (ns/°C  rep) 

Where  At  :  delay  variation 

fQ  :•  clock  frequency  in  MHz 


f  5 

m 


AT  :  temperature  variation 


1 

«8 


2.3.3  Temperature  variation 

The  values  of  temperature  variation  are  not  yet  standardized, 
but  the  following  values  are  assumed  considering  the  typical  conditions. 


-st 

-M 


l 


l 
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2.3.1*  Installation  conditions  of  transmission  facilities 
The  following  typical  conditions  are  considered: 


long-haul  link  -  coaxial  cable  (1001  buried); 

short-haul  link  -  paper- insulated  pair  (100$  buried) 


or  polyethlene- insulated  (100$  aerial). 

2.3.5  Iraaaalaalon  path  aadsl 

As  HRX  or  HRDP,  following  digital  paths  are  considered: 
long-haul  digital  link:  5000  km; 
short-haul  digital  link:  100  km  (=  2  x  50  ka). 

2.3.6,  Wander  value 

From  the  conditions  described  above,  the  wander  value  due  to 
transmission  facilities  is  estimated  as  follows: 


Daily 

Daily  and  yearly 

Long-haul 

0  US 

3.6  us 

Short-haul 

6.2  us 

10.4  us 

Total 

6.2  US 

14.0  us 

(  paak-to-paak  value  ) 


2.H  Wander  generated  at  a  network  node 

2.i*.l  In  case  of  synchronous  network 

In  the  case  that  a  network  is  synchronized  by  a  master-slave 
or  a  mutual  synchronized  system,  wander  generated  at  a  network  node  is  due  to 
phase  deviation  of  a  phase-locked  oscillator  such  as: 

a)  unstability  of  an  oscillator; 

b)  phase  drift  of  a  phase-locked  oscillator; 

c)  phase  deviation  due  to  digital  control, 


Taking  into  account  these  factors,  1/2  UI  (peak-to-peak  value) 
is  considered  to  be  appropriate  as  a  maximum  wander  value  at  each  network 
node. 
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Therefore,  Mender  generated  at  each  network  node  la  given 

below. 


1.544  Mb/s:  At  s  0.324  ys 

2.048  Mb/a:  At  *  0.244  ys 

2.4.2  la-siMLat  Blcalsstifgagua  operation 

In  case  of  plesiochronoua  operation,  wander  generated  at  a 
network  node  is  due  to  instability  of  oscillators  and  its  value  is  specified  as 
20  ys  in  Recommendation  G.811.  But  as  some  administrations  pointed  out,  its 
value  is  too  large  from  the  viewpoint  of  feasibility. 

NTT  proposed  a  revised  value  of  2.5  ys  in  the  accompanied 
contribution  (COM  XVIII  No.  398). 

3.  Wander  in  a  digital  network 

3.1  Wander  In  a  natlonal.nctwock 

Wander  in  each  digital  link  and  network  node  accumulates  along 
digital  links,  and  its  accumulation  law  depends  upon  network  synchronization 
system:  master-slave,  mutual  and  plesiochronoua  syteas.  Therefore,  it  is 
necessary  to  estimate  the  maximum  wander  in  case  of  each  synchronization 
system. 

3.1.1  Haater-alave  system 

In  the  case  that  a  national  digital  network  is  synchronized  by 
master-slave  syste  the  wander  accumulates  linearly  along  digital  links  as 
shown  below: 

aTt  *  rATL  ♦  EAtn 

Atj  :  total  wander  in  a  digital  network 

^T^  ;  wander  in  each  digital  link  due  to  transmission 
facilities 

Atjj  :  wander . generated  at  each  network  node. 

Based  upon  the  network  parameters  and  the  wander  values  in 
each  section  as  shown  above,  total  wander  is  given  as  follows* 

aTT  z  lk.O  ♦  0.32  *  10 

*  17.2  (ms) 

3.1.2  Mutual  synchronization  system 

In  this  case,  the  maximum  wander  in  a  national  network  is 

given  by: 

^Tf  s  (wander  of  one  digital  link]  ♦  [wander  generated  at 
both  end  network  nodes] 

a  m.o  ♦ax  0.32 

=  14.62  (ms) 


122) 
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3.1.3  Plesiochronous  operation 

In  this  case,  the  aaxiaua  wander  la  given  by; 

s  [wander  of  one  digital  link]  ♦  [wander  generated  by 
oscillatora  at  both  end  network  nodes] 

*  1H.0  ♦  2.5 

=  16.5  (ys) 

These  estinations  lead  to  the  conclusion  that  the  aaxiaua 
wander  in  a  national  digital  network  is  17.2  ysec  for  any  network  and  any 
network  synchronization  systea. 

3.2  Wander  in  an  international  network 

To  estiaate  the  wander  in  an  international  network,  the  two 
cases  should  be  considered . 

Case  1:  Digital  path  is  set  up  through  international  gateway 
exchanges  connected  by  plesiochronous  operation. 

Case  2;  Digital  path  Is  set  up  directly  between  neighbouring 

exchanges  in  neighbouring  countries  where  a  national  network 
is  synchronized  to  a  reference  clock. 

In  case  1,  wander  accuaulated  in  each  national  network  is 
isolated  by  the  international  link  using  plesiochronous  operation.  Therefore, 
the  aaxiaua  wander  is  equal  to  that  of  a  national  network. 

In  case  2,  the  aaxiaua  wander  is  given  by 

At  =  [wander  of  a  national  network)  ♦  [wander  generated  by 
reference  clocks] 

=  17.2  ♦  2.5 

=  19.8  (us) 

t  Jitter  in  a  digital  network 

Jitter  at  each  hierarchical  level  is  specified  in 
Recoanendations  for  MtILDEX  and  interfaces  as  shown  below: 

1.5M  Mb/s:  Reconaendation  G.743 

2.0k8  Mb/s:  Reconaendation  G.703 

8.RR8  Mb/s:  Reconaendation  G.703 

5  Reconaendation  of  Jitter  and  wander 

These  discussions  lead  to  the  Reconaendation  G.9Y1  which 
specifies  Jitter  and  wander  in  a  digital  network. 

Draft  Reconaendation  G.8YY  is  attached  as  an  Annex  to  this 
contribution. 
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Annex 

(to  proposed  draft  Recommendation  G.8YY) 
Jitter  and  wander  in  a  digital  network 


1  General 

This  Racoeaendation  deals  with  the  lower  Halt  of  aaxiaua 
tolerable  jitter  and  wander  in  digital  networks  to  establish  coaeon  design 
requirement  of  a  fraae  aligner  at  each  network  node.  The  fraae  aligner  is 
located  in  a  digital  exchange  terminal,  a  synchronous  digital  aultiplex  or 
other  synchronous  equipments.  Digital  networks  synchronized  by  the  following 
ayeteas  are  eeeuaad; 

international  links  -  pleslochronous  (G.811); 

national  network  -  synchronous  (master-slave  or  autual) 

or  pleslochronous. 

2  Jitter  amt  Mender  In  .  digital  network 

2.1  Jitter  and  wander  in  a  national  network  or  International  links 

via  atnai  offices 

The  aaxiaua  tolerable  jitter  and  wander  at  an  input  of  a 
fraae  aligner  in  a  national  network  or  an  international  link  via  gateway 
offices  are  apeoified  by  Figure  1  and  Table  1. 

2.2  Jitttr  ami  malic  far  local  aglgmmamfl  lafgaaUaaal  llaka 

The  aaxiaua  tolerable  jitter  end  wander  for  local 
neighbourhood  international  links  are  specified  by  Figure  1  and  Table  2. 


(22) 
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TABLE  2 


Values  for  ♦  *»*  Malt  rtf  tolerable  .jitter  and  wander  at  frame  aligners 


2048  kbit/s 

8448  kbit/s 

1544  kbit/s 

A,  (US» 

18.8 

19.8 

19.8 

A,  (UI) 

l.S 

l.S 

2.0 

■KM 

0.2 

0.2 

0.05 

f t (Hz) 

3  *  10'* 

3  a  10  ■* 

3  a  10** 

BE3B 

20 

20 

10 

f,(Hz) 

2.4  a  101 

400 

200 

t ,(HZ) 

18  a  101 

3  a  10* 

8  a  10* 

£%(H*> 

100  a  10s 

400  a  10* 

40  a  10* 

QUESTION  W XVIII  -  Signalling  for  the  ISDN 

(continuation  of  part  of  Question  2/XVIII,  studied  in  1S7T-I980) 

Considering 

a)  the  need  for  IDIs  to  be  a  subset  of  the  ISDH; 

b)  that  Recocnendations  for  Signalling  System  Ho.  7  have  been  prepared  in 
Study  Group  XI  (message  transfer  part,  coaon  to  all  users  and  services,  and  telephony 
user  part)  in  Study  Group  VII  (data  user  part); 

c)  that  Recojaaendation  X.25  exists  for  recommending  an  interface  between  DTE  and 
DCE  for  terminals  operating  in  the  packet  mode  on  public  data  networks; 

d)  that  Signalling  System  Ho.  7  is  likely  to  be  used  as  the  basis  for  network 
signalling  for  other  services  in  an  ISDH; 

e)  the  need  for  additional  requirements  for  customer  access  signalling  identified 
in  Study  Group  XVIII; 

f }  that  interworking  between  customer  access  signalling  and 

CCITT  Signalling  System  Ho.  7  will  he  required; 

g)  that  functional  layering  concepts  for  data  networks  are  being  developed  in 

CCITT; 

hi  tbrt  coordination  of  the  various  signalling  requirements  in  an  ISDN  is 


necessary; 
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What  are  the  principles  which  should  fora  the  basis  for  detailed  study  of 
signalling  for  ISDN  and  provide  a  franevork  within  which  equipment  ReeoEsendetions  can 
be  produced  by  the  specialized  Study  Groups  in  regard  to  : 

1.  for  custoaer  access/network  signalling  for  terainals  (including  sulti-service 
terminals  and  PABXs)  connected  to  an  ISDN  ? 

2.  for  handling  inter-exchange  signalling  for  the  various  services  in  an  ISDN  ? 

3-  for  through-signalling  fron  custoaer  equipnent  to  network-provided  resources 

and  froa  custoaer  access  including  aulti-service  terainals  to  another  custoaer 
equipnent,  end  to  end  ? 

k.  for  signalling  between  ISDN  exchanges  and  dedicated  networks  ? 

5-  to  provide  signalling  arrangements  for  the  switching  in  and  out  of  digital 

processing  devices  as  required  in  an  ISDN  1 

6.  to  provide  for  the  application  of  the  functional  layering  principles  in 

development  of  signalling  protocols  in  an  ISDN  ? 

Note  :  Relevant  material  is  to  be  found  in  Annexes  3  and  k  to  Question  1/XVIII. 

QUESTION  3/XVIII  -  Switching  for  the  ISDN 

(continuation  of  part  of  Question  2/XVIII,  studied  in  1977-1980} 

Considering 

-  the  need  for  IDMs  to  be  a  subset  of  the  ISDN, 

-  that  Recc»endations  for  digital  transit  exchanges  have  been  prepared  in 
Study  Group  XI, 

-  the  need  for  exchanges  to  be  able  to  switch  6k  kbit/s  circuits  which  aay  be 
carrying  voice,  data  or  other  services, 

-  the  need  for  exchanges  to  seet  operational  and  performance  requirements  of 
voice,  data  and  other  services, 

-  the  need  to  control  processing  devices  which  nay  be  included  in  scat 
connections, 

-  ttie  need  to  provide  interworking  and  interconnection  between  different 
standards  and  different  types  of  dedicated  networks, 

-  the  contribution  of  exchanges  to  overall  network  performances, 

-  the  need  to  provide  interfaces  appropriate  to  equipment  which  will  toe 
connected  to  exchanges,  frer  the  customer  side  and  from  the  interexchange  side, 

•What  are  the  principles  which  should  form  the  baais  for  detailed  study 
of  witching  fer  ISDN,  and  provide  a  framework  within  which  equipment  Becomdatiei 
can  be  produced  by  the  specialised  study  groups.  The  following  points  ahmiid  be 
included  in  the  studies  : 

l.  Tne  interface  oetween  local  network  digital  transmission  end  the  local 
exchange  (or  concentrator)- 
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2.  Th*  Interface  between  trunk  and  junction  digital  transmission  ays  teas  snri 
local  and  trunk  exchanges  of  ISSN. 

3»  The  interface  between  ISOM  exchanges  and  transmission  system  to  dedicated 
networks. 

4.  Provision  of  general  features  required  by  nmy  services  on  ISDN. 

5.  Provision  of  service-dependent  features  required  in  parts  of  ISDN. 

6.  Method  of  controlling  signal  procsssing  dsvioss  (e.g.  echo  suppressors ). 

7.  Arrange  sente  for  deriving  charging  information  according  to  the 
requi remote  of  different  services  carried  on  ISDN. 

8.  I  n  snfeeents  for  the  uaa,  identification  and  analysis  of  service 
indication. 

9.  Network  addreeaing  end  numbering  and  routing  optiooe  for  interworking 
between  the  ISON  and  other  networks,  and  Interconnexions  of  cue  toners  connected 
to  the  ISO  customers  connected  to  other  networks. 

10.  Hsthads  of  carrying  wider-hand  services  by  means  of  aulti-elot  connexions- 

11.  Switching  programs  requirements  consistent  with  network  require sants 

(in  cooperation  with  Question  9/XVIII). 

12.  Operation  and  maintenance  of  switching  (In  cooperation  with  Question  12/XVIII). 

13.  Any  additional  provisions  to  facilitate  a  smooth  transition  towards 

a  comprehensive  ISDN". 

Sote  :  Relevant  naterial  is  to  be  found  in  Annexes  3  and  U  to  Question  1 /XVIII. 


QUESTION  6/XVIII  -  Definition  for  digital  networks 
(continuation  of  Question  7/XVIII,  studied  in  1977 -IS8G ) 

What  definition  should  be  given  to  t eras  used  for  digital  systess  (including 
switching,  signalling,  synchronization  and  transmission  systess)  which  fora  part  of 
digital  networks  T 

Note  1  ;  Studies  on  this  Question  should  be  based  on  Recosacndation  0.702. 

Note  2  :  Che  Rapporteur  for  this  Question  will  act  as  coordinator  for  the  stu  oy  of 
related  definitions  produced  in  other  Study  Groups,  e.g.  Study  Groups  VII  and  XI. 

Note  3  :  It  is  understood  that  in  the  present  set  of  Questions  the  tern  "Digital 
Networks"  includes  both  the  IDS  and  the  ISDN.  - 

QUESTION  T/XVIi:  -  Encoding  of  speech  and  voice-band  signals  using  methods 
other  than  PCM,  in  accordance  with  F.ecctsendaticm  G.71I 

(continuation  of  Question  10/XVJII,  studied  ic  1977-1980) 


Considering  that 

a)  PCM  encoding  for  speech  is  now  widely  used  in  telecosusieatien  networks 

for  telephony  (A- law  and  y-iaw). 


are 


b)  progress  m  technology  is  likely  to  offer  other  coding  methods  which 
of  a  technical  and  economic  interest, 

c)  there  is  a  desire  to  make  efficient  use  of  transmission  paths, 

d)  proliferation  of  standards  in  the  world  wide  digital  network  leads  to  the 
need  for  code  converters  and  to  operational  complications, 

e)  the  IDti  and  ISBN  studies  are  based  exclusively  on  6 It  kbit/s  paths 
the  following  should  be  studied  : 

Should  any  other  encoding  method  (e.g.  adaptive  differential  PCM,  delta 
modulation  or  sub-band  coding)  be  recommended  for  use  in  international  networks  "I 
If  so,  for  what  applications  are  they  suitable  and  what  are  the  relevant  transmission 
performance  criteria  ?  What  are  the  inter-working  problems  with  systems  using 
standard  PCM  encoding  ? 


In  the  frame  of  this  Question  the  following  problems  should  be  considered  : 


1.  choice  of  encoding  methods, 

2.  choice  of  a  bit  :ate  for  encoding  of  speech  signals, 

3.  effect  of  digital  network  impairment  on  voice  and  voice-band  data  signals 
transmitted  over  codecs  {ADPCM,  M  and  others), 

4.  voice-band  data  transmission  at  various  rates  in  channels  formed  by 
ADPCM,  DM  and  other  eethods, 

5.  transmission  performance  of  codecs  connected  in  tandem  l ADPCM,  CM  and  others) 

6.  compatibility  with  digital  networks  based  on  5b  kbit/s  time  slots, 

T.  compatibility  with  digital  signals  encoded  by  other  methods ,  for  example 
6b  kbit/s  PCM, 

8.  the  performance  of  the  lower  rate  speech  coding  schemes  when  they  are 
connected  in  tandem  with  an  appropriate  digital  conversion  to  interface 
with  the  existing  p-lav  and  A-lav  6b  kbit/s  Recommendation  G.711, 

9.  quantification  of  the  impairment  to  voice  and  in-band  data  services  when 

the  digital  path  produced  errors  in  the  range  allowed  by  Eecocmendati.cn  G.82I 

10.  the  methods  of  assessment  used  in  the  evaluation  of  speech  performance 
(consents  of  Study  Group  XII  will  be  requested  on  this  matter), 

11.  usage  of  encoding  methods  other  than  PCM  for  wideband  speech  signal 
transmission. 


number  of  code  words  used  to  eliminate  the 
r  to  facilitate  world  standardisation. 


the  effect  of  reducing  the 
all-sero  code  word  in  orde; 
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Annex  1 

(to  Question  7/XVTII) 


Reply  to  Questica 


(XVIII  (Other  methods  of  encoding  than 
stud?  period  I9TT~1?80 


luring  the  last  stud?  per;ol  19TI-153C 
rent  i  ai  eaeodir.fi  method  and  of  race 


pinion  that  it  would  he  nifr.Jy  ur ! 
d  in  adoption  of  f-o  rn-r^dtn."  ~C" 
ei  the  A  to  -  convert  l  ':  ar.  i  - 


sheds 


inle 


The  studying  being  carried  out 
showed  that  probless  of  choice  of  a  dsff 
bit  rate  are  sost  isportaet  and  urgent. 

Many  Administrations  endorsed 
to  have  a  situation  which  in  the  past  re 
(A  and  u)  end  which,  subsequently,  neces 

The  cajority  of  Adri ni s t mt i on s  agreed  that  when  using  dif.erer.t.ul 
of  encoding" the  encoding  bit  rate  should  he  subnultiple  to  6«  kbit/s  «< 

5  keit/s.  The  preferable  encoding  bit  rate  is  32  abit.s. 

During  the  orecedir.fi  study  period  1373-1576  the  study  mini;-  rclateu  to 
adaptive  delta  oodulaticn.  The  present  stud?  *bcwn  grentcr  irtcreit  jo 

adaptive  differential  FCM  (ADPOl)  at  32  kbit/s  for  voice  and  voice-bar.d  - - ^ 

transaissicn. 

study  Croup  mil  takas  nota  of  tha  results  obtainad  by  Stiaiy  Group  XII 
for  •(>  aatiaata  of  a  walaa  of  quantising  distortion  and  nwbar  of  iapairoont 
.«it»  with  32  kbit/s  ADPCM  procssa. 

Moreover  the  opinion  was  expressed  that  the  differential  encoding  notions 

—  -  .s=s  =. -  ~  ~  is:.*' 

trnnsaittir.fi  wideband  voice  signa-t  -sthujt  ....ceasing 

An  opinion  was  also  expressed  that  when  choosing  the  bit  rate  »^ods 

and  Irws  of  encoding  the  I^ducli^  of  this 

should  be  taken  into  consider..;^,  ai^gwu-h  ^  *3*^  ,h-  *tte_.ica  was  drawn  to 
new  encoding  sethod  into  integrated  network*-  Jbreover.  -he  atten.i®,  •»  - 


ar«  - - —  " _ ,  „ 

necessity  of*  stusSyuifi  tSse 
by  ether  methods ,  for  exasple  6*  kbi 
with  Heccssendaticn  S.7U- 

Tfce  results  obtained  iurir. 
to  prepare  any  draft  Beccss>etidat  ions 
be  noted  that  the  most  pressing  trob 
for  differential  encoding  method; . 


icspeti 


;»  with  digital  signals 


resulting  free  PCM  encoding  in  acesrdas 


present  stud?  period  gave 
ther  methods  ef  encoding  t: 
s  that  ef  choosing  32  kbit: 


so  c-Mort 


M  «.il 


(contribution  fr—  tte  FtskS  A&ini st ration } 


1.  Introduction 

A  distinction  should  be  drawn  between  toe  two  types  of  equipaest  indicated 
below  when  considering  as  encoding  netted  other  than  PCM,  such  as  KM  differential 
adaptive  encoding  at  32  kbit/s  (FCXTA-  : 

-  *'*  teneinal  which  converts  the  A?  signal  directly  into  an  encoded  signal, 

at  32  kbit/s,  and  vice  versa; 

-  the  code  converter  which  converts  the  encoded  PCM  signal  at  fib  kbit/s 

lA-law  or  tt-lswj  into  a  signal  encoded  at  a  lower  bit  rate,  e.g.  32  kbit/s, 

and  vice  versa. 

"Encoding"  is  the  operation  effected  by  a  terainal  ted  “code  conversion" 
that  effected  by  a  code  converter. 

A  gives  encoding  technique  will  therefore  have  the  property  of  oce-acctealatlan 
of  i^ainents  in  successive  code  conversions,  if  the  following  operations  : 

AF  — — —  PCM - *  PCKSA - *  PCM  »  AF 

and  AF  -  •  PCM - -  PCMSA  -■  —  FCM - *  FCMDA - ►  PCM - -  AF 

produce  the  sane  iasairaent  regardless  of  the  rmryter  of  intermediate 
FO* - PCM3A - PCM  sequences. 

This  property  relates  solely  to  successive  code  conversions . 

Paragraph  2  shows  the  advantage  of  this  property  for  the  introduction  of 
32  kbit/s  encoding  techniques  into  a  digital  network. 

The  French  Adsiaistration  has  studied  a  differential  32  kbit/s  PCM  coding 
technique  with  adaptive  quantizer  and  fixed  predictor  which  possesses  this  property 
(see  COM  XVSH-So.  2b8,  study  period  l«77-19SOi. 

To  improve  the  subjective  quality  of  32  kbit/s  PCM3A  encoding  techniques 
using  a  fixed  predictor,  sobs  Administrations  (including  the  French)  have  proposed 
the  use  of  32  kbit/s  adaptive  quantizer  and  adaptive  predictor  differential  PCM 
encoding  techniques.  The  French  Administration  would  also  paint  out  to  other 
Administrations  studying  such  encoding  techniques  that  it  would  be  useful  if  these 
techniques  also  possess  the  property  of  noc-acetsulatlon  of  iro&imeois  in  successive 
code  conversion s.  Studies  along  these  lines  are  at  present  in  progress  in  France. 
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2.  Non-accumulation  of  impairments  in  successive  code  conversions 

The  purpose  of  this  paragraph  is  to  consider  the  repercussions  of  the 
property  of  non-accumulation  of  impairment  on  the  successive  code  conversions  which 
can  appear  in  a  digital  network. 

Let  us  consider  a  digital  network  with  TDM  switching  and  a  bit  rate  of 
6b  kbit/s,  and  the  case  (Figure  1)  of  a  call  routing  following  several  .digital 
tranaaiasion  paths  separated  by  TDM  switching  centres.  A  priori,  }f  we  use  a 
conventional  32  kbit/s  coding  in  transmission  and  we  put  a  code  converter  at  each 
switehing/transaission  interface,  each  code  converter  will  introduce  its  own 
impairment  and  the  total  impairment  will  be  proportional  to  tbs  number  of  circuits 
involved. 


if,  on  the  other  hand,  the  32  kbit/s  coding  used  for  tranmaission  does  not 
accumulate  impairments  in'  successive  code  conversions,  the  total  impairment  will 
correspond  to  the  impairment  caused  by  a  32  kbit/s  coding/decoding  irrespective  of 
the  number  of  circuits  used  for  the  call. 

This  type  of  digital  routing  will  become  very  common  once  network 
digitization  is  sufficiently  advanced,  hence  the  importance  of  impairment 
non-accumulation  in  successive  code  conversions. 


(22) 
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Figure  1  -  Examples  of  digital  calls 

-  Caae  I  Example  of  61*  kbi!  'i  digital  call 

-  Case  II  Example  of  digital  call  using  a  32  kbit/s  section  :  the  impairment 

compared  with  Case  I  is  that  of  a  PCM  D  coding/decoding 

-  Case  III  Example  of  digital  call  using  two  32  kbit/s  sections 

The  impairment  is  the  same  as  in  Case  II  provided  that  the  32  kbit/s 
coding  has  the  property  of  non-accumulation  of  impairment  in  the 
successive  code  conversions 

SCU  :  Subscriber  connection  unit 

LTDMC  :  Local  TDM  centre 

TDKTC  :  TDM  transit  centre 

PCM  PCM  D  Code  converter  PCM  PCM  D 

PCM  D  PCM  Code  converter  PCM  D  PCM 

Only  one  call  direction  is  shown 
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Annex  3 

(to  Question  l/'.yilx) 


Quality  evaluation  of  codecs  at  32  kbit/s 
(contribution  by  Bell-Northern  Research) 


1.  htwtetlw 

StcMC  experlaaatal  work  on  new  ADFCM  Codec  dssipos  conducted  at 
lell-*ortharn  laaaarch  indicate  chat  tha  speech  quality  obtained  with  32  kbit/s  AO  PCM 
eoaaa  cloaa  to  that  obtalaad  with  8-hltyk»233  coapandsd  KM  codecs.  la  particular, 
two  codec  daalgne  vara  evaluated,  ona  aaploylnp  a  flaad  thlrd-ordar  predictor  aad  aa 
adaptive  ooa  uniform  quaatlaar,  hereafter  referred  to  aa  the  '111'  codec,  the  aacoad 
employing  aa  adaptive  third-order  predictor  aad  tha  aaaa  gaaatiaor  aa  hofora, 
heraaftar  roforvod  to  aa  tha  'T32*  codec. 


2.  laaj^ia. 

(a)  loth  iSKM  eodoca  aoat  tha  algnel-to-tocal  dlatertlaa  ratio  taaplata  of 
CCXTT  lacoaaHadatloa  0.712,  Figure  3  for  froqaaaelaa  holow  1100  la.  far 
higher  frequencies,  tha  signal-to-total  dlatortlea  ratla  drop#  rapidly  far 
tha  '732'  cadet,  hut  raaaiaa  abase  30  dl  far  tha  'T32'. 

,a)  Tha  subjective  speech  prefareece  testa  she*  that  tha  Reality  ef  speech 
traaaalttad  ever  the  'Y32'  codec  la  comparable  to  chat  ef  speech 
traaaaittad  ever  aa  d-blt./q-ZSS  KM  codec.  The  quality  ef  speech 
traaaalcced  over  the  '111'  codec  ia  slightly  verse  shea  that  ef  speech 
traaaaittad  ever  aa  t-fclt  bat  bactar  thaa  that  aver  a  7-bit,  U"255  PCM 
codes. 

(c)  Voice-band  data  transmission  at  data  rates  up  to  1«8Q0  bits  over  the  ’V32' 
codec  resulted  in  bit  error  ratios  of  less  than  10*"®.  In  contract,  the 
'F32'  codec  shows  bit  error  ratios  of  more  than  10“^  at  the  tested  data 
rates  of  2^00  bits  and  U800  bits, 

(d)  Tha  taac  rasalta  confirmed  that  aigmal-to-tstel  discs rtioe  ratio  with 

a  peach  signal  lapat  la  aot  sal  tab  la  to  accaxauly  aaaaaa  tha  Reality  of 
AS  KM  oodoca.  For  tha  aaaa  a  abj  active  Reality,  tha  algaal-to- total 
diatortioa  ratio  (spaoch  Input  alp  sal)  of  tha  tasted  AD  KM  codecs  la 
nwarlcally  approximately  •  dl  lower  thee  the  esfraepeadiag  signal- to- total 
diatortioe  ratio  of  KM  codocs. 

k  «-*  ssfasatad  alpnal-to-total  diatortioa  ratio  (speech  Input) 

{valley  Indicator  modelled  after  Richards  1 11  was  also  tea  ted  aad  shoved  no 
such  bias.  The  quality  indicator  Q  la  defined  hare  as 

Q  •  20  log  { 

<*«•  la»  (W)  -  I  lof(l+Jl-1*/l51(ai-ti),l 

and  S  •  **  saaplaa  at  1  k&s 

V  *  lumber  of  I  aa  blocks  la  tha  alpnal 
*t  *  original  speech  saaplaa 
Si  *  reconstructed  apaach  saaplaa 


(22 
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3*  C— clualom a 

A  alagla  32  khle/e  ADfQt  aacodar  appaara  to  provlda  a4ifi(ti  yarfo: 
Car  rates  tt— laaioa  arar  os  srror  fro*  channel. 

(a)  for  vole*  csaSMisaio*  oaly  AD  PCM  with  fixed  prediction  (F32)  la 
aafflclaac. 


ce 


(a) 


(k)  If  both*  roles  ami  rolca-baod  data  slgoala  are  to  ha  eraaaalttad,  AD  PCM 
with  fixed  prediction  (V32)  la  not  adequate  but  the  ABVCM  with  edepclre 
prediction  fT32)  nay  bo  a  ul  cab  la. 


To 

lea 


quality  batter  than  that  of  7-ble,  u«135 
it  thtfdatdor  prediction  la  ADFQI  codec  a  la  indicated. 


rat,  at 
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Annex  U 

(to  Question  7/XVHI) 

Speech  coding  at  32  Kbit/s 
(Extract  from  COM  XVIII-No.  185  -  Italy) 


Introduction 


This  Annex  describes  a  digital  Differential  Pulse  Code  Modulation  with 
adaptive  quantization  (ADPCM)  developed  and  tested  in  Italy.  Its  performances  in 
terms  of  objective  as  well  as  subjective  measurements  are  shove  and  compared  with 
a  6U  kbit/s  PCM  system. 


2.  ADPCM  730  :  A  fully  ougital  adaptive  differential  PCM 

Figure  1  shows  the  block  diagram  of  a  DPCM  with  adaptive  quantization. 

The  input  signal  digital  samples  sn  are  compared  with  the  sample  8  , 
being  the  prediction  filter  output i  this  difference  eQ,  called  prediction  error, 
is  coded  and  transmitted. 

Prediction  is  performed  by  using  Equation  (1)  : 


8  -  r  -  0.5  r  „ 
n  n  -  1  n  -  2 

r  -  d  ♦  s 

n  n  n 


(1) 


The  predictor  coefficients  were  computed  so  as  to  minimize  the  mean 
square  error  e=n<  A  filter  with  two  coefficients  only  was  chosen,  because  by 
increasing  the  number  of  coefficients  the  signal-to-prediction  error  ratio  does 
not  improve  considerably. 
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The  adapter  modifies  the  h  bit  quantizer  step-size  on  the  basis  of  a  short- 
time  estimation  of  the  r.m.s.  of  signal  en  to  be  transmitted.  In  order  to  avoid 
the  transmission  of  the  step-size,  it  is  computed  both  at  the  transmitter  and  at 
the  receiver  using  samples  djj,  i.e.  the  prediction  error  after  quantizing  and  inverse 
quantizing. 


Step-size  computation  is  performed  by  using  the  following  equations  : 

Qn  -  c  pn  (2) 

P  -  (1  -  2”k)  p  ♦  2-k  d_  (3) 

n  n  -  1  n 

where  c  *  0.5  and  k  *  2  were  chosen  to  maximize  the  signal-to-noise  ratio  measured 
by  computer  simulations. 
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ADPCM  730  :  Objective  and  subjective  performances 


The  signal-to-noise  ratio  is  computed  as  : 


S/S  =  10  Log 


<  s~n  > 

<  (sn  -  r‘ )*  > 


where  s  and  r'  are  referred  to  in  Figure  1. 
n 

S/N  consists  of  the  two  following  terms  :  S/E,  the  improvement  due  to 
prediction  and  E/N,  the  signal-to-noise  ratio  of  the  quantizer. 

In  the  case  of  the  predictor,  vith  the  two  chosen  coefficients,  S/E  is 
slightly  higher  than  1*  dB,  while  E/N  is  about  17  dB;  then  S/S  is  greater  than 
21  dB. 


Figure  2  shows  the  objective  performances  of  the  system  on  the  whole 
telephone  signals  range,  in  terns  of  S/N  ratios  of  a  61  kbit/s  and  of  a  32  kbit/s 
log  -  PCM  for  comparison  reasons. 

It  has  to  be  pointed  out  that  S/N  is  always  greater  than  20  dB.  In  fact, 
it  vas  verified  that  if  S/N  exceeds  this  value,  for  multiplicative  noise  and  telephone 
speech  signals,  subjective  quality  is  quite  independent  from  the  same  S/N  value. 

In  ADPCM  730  the  noise  is  really  multiplicative,  as  shown  in  Figure  3, 
owing  to  the  quantizer  step-size  adaptation.  In  fact,  the  noise  is  always  masked 
by  the  speech  signal  and  then  it  is  less  perceivable  than  an  additive  one. 

Moreover,  ADPCM  can  present  an  adaptive  quantizer  characteristic  saturation 
which  can  be  referred  to  as  slope-overload,  because  the  system  is  differential  and 
which  is  due  to  the  deconvolution  process.  An  example  is  shown  in  Figure  1,  where 
a  typical  speech  waveform  and  noise  are  plotted. 

This  kind  of  noise  does  not  present  a  great  infuer.ee  on  subjective 
osessments,  while  it  is  more  important,  for  the  overall  noise  objective  measurement, 
starting  from  the  given  definition. 

In  the  case  of  the  AT  PC!-!  730  system  S/S,  evaluated  by  excluding  the  samples 
presenting  slope-overload,  is  2  to  3  dB  greater  than  overall  S/N. 
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Subjective  tests  were  performed  by  the  categorical  judgment  method  for 
6h  kbit/s  log  -  PCM  channels  as  veil  as  for  the  described  AJDPCM  system. 

The  tests  were  carried  out  during  a  conversation  between  two  operators 
who  gave  their  judgment. 

The  mean  opinion  was  obtained  from  20  people  assessments  and  every  one 
carried  out  two  tests  under  each  measurement  condition. 

Figure  5  shows  the  mean  opinion  score  versus  the  link  overall  reference 
equivalent  for  61*  kbit/s  log  -  PCM  and  32  kbit/s  ADPCM  channels.  It  can  be  seen 
that  the  mean  opinion  score  presents  only  a  small  difference  in  both  conditions. 


Tests  have  also  been  carried  out  on  the  transmission  of  data  signals,  telex 
and  MF.  signalling  in  the  voice  bsndvidth. 

For  telex  and  MF  signalling,  no  impairments  due  to  the  ADPCH  coding  process 
have  bees  observed. 

As  regards  data  signals .  no  quality  impairments  are  introduced  by  the 
experimental  equipments  when  the  data  bit  rate  ia  lover  or  equal  %o  2U00  bit/s 
and  no  mere  than  tvs  A/D  -  D/A  conversions  in  tandem  are  included.  Data  transmission 
tests  at  1*300  bit/a  were  not  completely  satisfactory.  Studies  are  being  carried 
out  for  assuring  a  good  transmission  quality  also  at  this  bit  rata. 

It  is  worth  noticing  that  in  the  equipments  developed,  an  algorithm  is 
provided  in  order  to  prevent  the  propagation  of  errors  introducsd  by  ths  channel. 
Therefore,  the  quality  of  ths  digital  connection  in  terms  of  error  rate  is  not 
icpairsd  by  the  ADPCM  coding  process. 

Listening  tests  shovad  that  quality  ia  not  considerably  influenced  by 
charjf.l  error  probabilities  up  to  10“®. 
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Figure  2  -  S/N  performance  of  adaptive  DPCM 

and  log-PCM  versus  input  speech  level 
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Speech  waveform  a)  and  multiplicative  noise  b} 
due  to  the  adaptive  step-size  quantizer  encoding 
The  wave  form  b  '<  is  multiplied  by  a  factor  IC  in 
comparison  with  a) 
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(to  Question  7/XVIII) 


Use  of  differential  encoding  for  "wideband  speech"  In  the  I5EH 
(contribution  from  Federal  Republic  of  Germany) 


Differential  encoding,  such  as  delta  modulation  or  ADPCM,  has  been 
taken  into  consideration  in  the  interest  of  reducing  the  bit  rate 
required  for  voice  transmission.  For  applications  of  this  kind,  the 
majority  of  Administrations  agreed  that  the  encoding  bit  rate  should 
be  32  kbit/s  (see  Reply  to  Q.10/XVIII,  Study  Period  1977-1980). 

This  Contribution  is  intended  to  draw  the  attention  of  S.C.  XVIII  to 
the  fact  that  differential  encoding  may  also  be  used  for  an  entirely 
different  purpose,  namely  for  providing  a  "wideband  speech*  service 
in  the  Integrated  Services  Digital  Network  (ISDN).  A  suitable  (and 
rather  simple,  hence  economically  attractive)  encoding  scheme  is  the 
well-known  Continuously  Variable  Slope  Delta  Modulation  (CVSD)  [  1  7 
which,  when  used  at  64  kbit/s,  enables  speech  with  a  bandwidth  of 
about  6  to  7  kHz  to  be  encoded  with  good  quality.  This  could  be 
attractive* especially  in  connection  with  "loudspeaJmr  telephones". 

Compared  with  -the  encoding  of  wideband  speech  by  PCM  at  128  kbit/s* 
CVSD  has  the  advantage  that  only  64  kbit/s  are  used  (no  multi-slot 
service  with  accompanying  problems  of  providing  "digit  sequence 
integrity"  and  of  increased  blocking  probability). 

An  additional  advantage  may  be  seen  in  the  fact  that,  if  a  uniform 
encoding  scheme  is  standardized,  no  code  conversion  in  international 
connections  is  required,  in  contrast  to  PCM  encoding. 


In  the  ISON,  it  any  further  be  attraotive  to  provide  a  ecabined 
Toios/ nme- voice  service  where  e.g.  48  or  56  kbit/e  era  uMd  for  tpierh 
encoding  end  e.g.  up  to  8  kbit/e  for  data  cr  other  pnrpoaee 


Reference 

t  1  7  Hosokawa,  S. ;  Tamashlta,  K.:  Companded  delta  modulation  coders 
of  tha  1/2  power  and  2/3  power  types.  FJectronics  end  Commu¬ 
nications  in  Japan,  Vol.5l-A  (1968),  No. 11,  pp,  18-26. 
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e  uture ; 


b)  that  speech  interpolation  systems  say  adversely  affect  the  operation  of 

other  equipment  such  as  echo  cancellors,  automatic  equaliser; 

decides  that  the  following  should  be  studied  : 

1.  what  should  be  the  characteristics  of  digital  speech  interpolation  (BSD 
systems  ? 

2.  are  special  precautions  necessary  for  the  combined  usage  of  digital  speech 
interpolation  devices  with  other  digital  processors  such  as  echo  controlloing  devices  ' 

Note  :  Ketvors  implications  of  digital  speech  interpolation  systems  are  to  be  studied 
under  Question  1/aYIII  and  the  performance  of  connections  over  digital  speech 
interpolation  systems  under  Question  9/XVHI . 


QUEST! OH  9/Tilll  -  General  network  performance  aspects  of  integrated  digital 
networks 

{continuation  of  part  of  Question  1/ XVIII ,  studied  m  1977-1980) 

This  Question  is  concerned  with  studies  related  to  the  general  performance 
of  an  ISO*,  capable  of  satisfying  the  requirements  of  many  different  services. 

Account  will  be  taker.  the  performance  requirements  being  established  by 
other  study  groups  in  CCITT  and  CCIS  for  telephony  and  other  services.  Study  Group  XVIII 
will  keep  these  Study  Groups  XI,  VII,  XV  and  C!!?P  informer  of  the  likely  performance  o 
common  digital  building  blocks. 

tn  studying  this  Question  reference  should  be  made  to 
draft  Recommendation  G.1C2  which  relates  to  transmission  performance  objectives 

Point  A.  Transmission  oerfomar.ee  of  digital  networks 
Considering 

a)  that  some  parameters  for  the  transmission  performance  for  the  IDS  for 

telephony  have  already  been  established, 

b»  that  further  types  of  impairments  need  to  be  taken  into  account, 

c)  that  certain  impairment  causes  are  interdependent, 

d!  that  design  objectives  are  urgently  required  for  circuits  ar.d  systems. 

What  are  the  network  transmission  performance  and  equipment  design  objectives 
necessary  for  the  135,  the  ISD5  and  the  appropriate  evolution  towards  the  ISDN’  : 
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The  points  -listed  below  require  particular  attention  in  the  studies,  whereby 
account  should  be  takes  of  ail  likely  oedia  that  sight  be  utilized.  These  Include 
radio  relay,  satellite,  setallic  and  optical  fibre  cables.  Close  collaboration  will 
be  required  with  other  CCITT  and  CCIR  study  groups. 

1,  What  aaendaents  or  additions  are  necessary  to  the  network  perforsar.ee 
objectives  for  errors  and  slips  as  recosesended  in  Heccamendations  G.S21  and  G.822 
respectively  1  (See  Annexes  1,  2  and  3  and  Question  3/XVTIl) 

2.  which  additional  types  of  impairments  and  characteristics  should  be  studied, 
and  what  reeosner.wations  should  be  Bade  in  teres  of  network  transaission  performance 
objectives  (e.g. ,  jitter,  wander,  short  interruptions  and  transaission  delay)  ? 

(See  Annex  **) 

Particular  attention  should  be  given  to  the  interdependence  of  certain 
perforaar.ee  objectives. 

3.  /ire  the  hypothetical  reference  connections  recommended  in  G.1CM*  suitable  for 

the  study  of  network  transmission  performance  objectives  ?  What  amendments  or 
additions  are  necessary  ? 

Rete  :  They  should  be  brought  in  line  with  Recoaxnendation  G.lCb- 
Peccifflsend&ticn  X.92  for  data  networks  should  be  considered. 

How  should  the  overall  network  transaission  perforaat.ee  objectives  be 
apportioned  to  the  individual  component  parts  Making  up  the  connection?  ? 

5.  What  approach  should  be  adopted  in  converting  transaission  performance 

objectives  for  individual  items  into  equipment  design  objectives  and  commissioning 

objectives  ?  (See  Annexes  5,  6  and  7). 


a.  Are  the  hypothetical  reference  digital  paths  defined  in  G.721  a  suitable  tool 

for  defining  the  transaission  perforaance  of  network  component  parts  and  the  systems 
design  objectives  ;  What  amendments  are  required  ?  What  additional  HRDPs  should 

be  recommended  ? 


?  What  is  the  iapact  of  digital  signal  processing  devices  (e.g.  digital  pads, 

^ho  eortroliers-  -needing  law  converters,  digital  speech  interrelation  devices,  etc. 
on  network  transmission  perforaance,  and  what  is  their  dependence  on  network 
transmission  perforaance  and  traffic  conditions  ?  What  guidelines  s..oula  be 
established  for  their  use  1  (See  Annex  8) 


In  considering  the  introduction  of  digital  Fads  and  other  digital  processes, 
particular* reference  should  be  cade  to  Recommendation  G.121  as  amended  at  Geneva  iVOQ 
and  Secossendat ion  G.lw2  as  amended  at  Geneva  I960. 


Hotel 


no'c  i  .  Study  Group  XVI  are  studying  the  network  planning  rules  concerning  tne 
transmission  performance  effects  of  seme  of  the  above-mentioned  devices,  which  ytll 
used  in  mixed  analogue/digital  networks.  Account  should  be  take.,  of  these  studies. 


Hote  z  :  tuppi 


esent  Ho.  21  (Canada  :  BHP.)  gives  values  for  quantising 


dist 


for  various  digital  processing  devices. 


U_  What  transmission  perforaance  parameters  should  be  defined  to  ensure 

appropriate  evolution  towards  the  ISGH  and  what  values  should  be  recommended  for 
each  parameter  - 


Considering 

a)  that,  equipoent  can  be  designed  to  measurable  performance  standards, 

b)  that  networks  can  be  implemented  tc  controllable  performance  standards, 

c)  that  there  is  an  optimum  balance  between  cost,  technology,  and  the  needs  and 
expectations  of  customers, 

d)  that  some  parameters  for  the  quality  of  service  for  the  IDS  for  telephony 
have  already  been  established, 

1.  What  are  the  call  processing  performance  and  design  objectives  for  the  IDU, 
the  ISDN,  and  the  appropriate  evolution  towards  the  ISnN  ? 

In  particular,  performance  parameters  and  their  values  should  be  defined  on 
an  overall  basis  (customer  to  customer)  and  values  apportioned  as  appropriate  to  nodes 
and  links  in  the  network,  such  as  call  set-up  delays ,  call  failures  caused  by 
congestion,  call  failures  caused  by  equipment  malfunction  and  loss  of  service 
(availability). 

2.  What  methods  should  be  used  to  measure  the  call  processing  performance  ? 

3.  Which  hypothetical  reference  models  should  be  used  for  call  processing 
performance  determination  ? 

Rote  :  The  study  of  this  Question  will  take  account  of  consideration  by  CCIR 
Study  Group  1*  (see  Contribution  COM  XVIll-No.  6). 


Annex  1 

(to  Question  9/XVIIl) 

Considerations  op  the  relationship  between  mean  bit 
error  ratio,  averaging  periods,  percentage  of  time 
and  percent  error  free  seconds 

(Contribution  by  Sell-Northern  Research} 

Recommendation  0.821  specifies  an  averaging  period  of  to  *  1  minute  to 
determine  mean  bit  error  ratio  (BER).  Simultaneously,  error  performance  is  also 
specified  in  term  of  %  error  free  seconds  (EPS).  Both  performance  objectives  are 
given  for  a  digital  connection  at  6b  kbit/s. 

This  Annex  offers  additional  considerations  regarding  the  relationship 
between  Mean  Ber'a  with  varioua.averaging  periods,  percentage  of  time  that  the 
Mean  Ber  is  better  than  1  x  10~°  and  %  EFS.  The  calculations  are  made  on  the  basis 
of  an  assumed  Poisson  distribution  i "  bit  errors  on  a  6b  kbit/s  digital  connection. 
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The  relationship  between  the  long  tera  Mean  BER  and  X  EfS  can 
be  shorn  to  be 


X  EFS  -  100e'BE 


where 

e  -  base  of  natural  logarithm 
8  •  Bit  rate  In  blts/s 

E  *  Long  Tena  Mean  Error  Probability  (n  *  10‘x).  equivalent 
to  a  long  term  Mean  BER  of  n  x  NT.* 

This  relationship  is  shown  in  Figure  1.  Long  tera  Mean  Error  Probability 
In  this  context  implies  Bit  Errors  averaged  over  a  sufficiently  long  period 
to  yield  a  constant  BER. 

BeeoESsendation  G.821  specifies  in  Table  1  a  threshold  ret  veer,  acceptable  and 
degraded  performance  of  a  Mean  Her  *  1  x  10  ”  averaged  over  To  ■  1  minute.  In  order  to 
meet  this  criterion  on  a  6U  kbit/s  digital  connection  3  or  less  errors  crust  be 
counted.  For  randomly  (Poisson)  distributed  errors  the  probability  P  of  this 
occuring  is 


P(n  <  3)  • 


BE} 


where  n  *  lumber  of  errors. 

This  relationship  is  shown  as  curve  1  in  Figure  2. 

Frow  this  curve  the  fallowing  can  be  deduced: 

a}  If  for  example  931  of  on#  minute  periods  has  to  meet  the 
1  *  Id*  Mean  BER.  a  long  term  Mean  BER  of  better  than 
4  *  in’  would  be  required. 

b)  A  long  term  Mean  BER  of  1  *  10*  would  yield  only  4W  of 

the  one  elnute  periods  meeting  the  1  x  Id*  Mean  BER  criterion. 

If  the  measurement  period  To  Is  extended  to  5  minutes  at  64  kbit/s. 

19  or  less  constitutes  the  acceptable  error  count,  equivalent  to  a  Mean  BER 
of  1  x  Id*.  The  probability  of  this  occurring  Is  shown  as  curve  2  in  Figure  2. 
Again,  if  931  of  five  minute  periods  had  to  east  this  criterion  a  long  term 
Mean  BER  of  <  7.2  M  1(F  would  be  required. 

Slarflarly,  for  e  measurement  period  To  of  lh»  the  equivalent  values 
are  230  or  less  error  counts  and  a  long  term  Mean  BER  of  <  9  *  Nr,  to  give 
931  of  1h  periods  meeting  the  1  *  Id*  Mean  BER  criterion.  This  is  shwn 
as  curve  3  in  Figure  2. 

Curves  1,  2  and  3  of  Figure  2  can  be  used  to  relate  the  percentage 
of  time  Tl  and  various  averaging  periods  To  with  a  Mean  BER  of  1  x  Id*  to 
the  long  term  Meen  BER.  By  using  Figure  1,  the  long  term  Naan  BER  can  then 
be  translated  Into  X  EFS. 


<qw|'«f  Jj  p  •<  "I'll 
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Annex  2 

(to  Question  9/XVIIl) 

An  approach  to  the  formulation  of  error  performance 
(Contribution  by  the  Federal  Republic  of  Germany) 

The  error  performance  requirements  outlined  in  the  following  are  based  on  the 
i-;“a  that  data  users  have  a  legitimate  interest  to  transmit  a  large  percentage  of 
data  blocks  without  bit  errors.  However  with  61000  bit/s  (or  U8000  bit/s  -  the 
..*'«hest  data  rate  specified  in  Recommendation  X.l)  these  blocks  will  in  general  not 
have  a  duration  of  1  second.  In  other  words.,  the  request  to  have  95  %  error-free  data 
blocks  ( EFB )  is  entirely  appropriage  whereas  the  request  to  have  95  %  error- free 
seconds  appears  to  be  too  stringent. 

It  may  be  useful  to  consider  requirements  graded  in  accordance  with  the 
length  of  data  blocks  (or  more  generally,  of  intervals  of  certain  numbers  of  bits). 

About  five  interval  lengths,  for  instance  from  200  to  20000  bits,  might  be  suitable 
to  cover  the  actual  conditions  of  remote  data  processing, 

Assuming  Neyman's  "Type  A  contagious  distribution",  which  describes 
clustered  distributions,  symbols  n  *  number  of  bits  in  the  chosen  interval, 
p  *  long-term  mean  error  ratio,  ■  cluster  -  bit  ratio  (i.e.  relative  frequency 
of  error  events  per  stated  sanq>le  size  of  transmitted  bits),  and  m_  s  mean  number  of 
errors  per  cluster,  with  m^m,,  =  np,  one  obtains  the  probability  of  an  interval 
containing  no  errors  as 

p  «  exp  /“-  22  ( l-e-m2 )  7 
o  -  m_ 

*  5.10  6  (which  leads  to  >  90  %  of  minutes  with  a  bit  error 
38  errors  per  minute),  and  at,  *  2,  i.e.  a  conservative 

PQ  *  99.95  %  for  200-bit  intervals 
Po  *  95.76  %  for  20000-bit  intervals. 

Based  on  the  above  reasoning,  it  is  proposed  to  consider,  as  an  alternative 
to  the  concept  of  "error  free  seconds",  the  approach  of  a  graded  system  of  requirements 
based  on  a  set  of  different  block  (or  interval)  lengths.  Using  this  approach,  it 
should  be  possible  to  reconcile  the  requirements  of  data  transmission  with  a  mean 
bit  error  ratio  of  5.10  6  (as  sufficient  for  telephony). 

Furthermore,  the  actual  distribution  of  bit  errors  (probably  characterized 
by  error  bursts,  or  clusters)  should  be  studied  before  finalizing  Recommendation  G.B21. 
Since  a  large  percentage  of  the  errors  will  be  allocated  to  the  subscriber  lines, 
results  of  error  measurements  on  such  lines  are  urgently  needed. 


and  specifically,  with  p 
ratio  of  <  10  5,  i.e,  < 
value 
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Annex  3 

(to  Question  9/XVIIl) 

At  the  instigation  of  Study  Group  VII,  the  concept  of  error-free  seconds 
has  been  used  in  the  preparation  of  Recommendation  G.821.  It  was  pointed  out 

by  one  Administration  that  future  studies  in  Study  Group  VII  may  shov  that  this  is 
not  the  most  appropriate  method  of  defining  the  performance  requirements  for  data 
and  other  non-voice  services. 


Annex  j» 

(to  Question  9/XVIII) 


Jitter  accumulation  on  digital  paths  and  jitter  performance 
of  the  components  of  digital  paths 

(Contribution  from  Federal  Republic  of  Germany) 


Summary 

In  the  present  contribution  two  models  of  digital  paths  are  considered. 
Starting  from  the  Jitter  characteristics  of  the  components  of  a  digital 
path,  the  jitter  accumulation  along  a  path  is  described  with  the  aid 
of  these  models. 

•» 

It  is  shown  that  for  unrestricted  interconnection  at  international 
interconnection  points  jitter  characteristics  are  required  which 
are  not  necessary  in  national  networks. 

1.  Digital  path  models  for  Jitter  studies 

Studies  which  started  from  the  preliminary  considerations  of  the 
contribution  COM  XVlII-No.  69  resulted  in  two  models  of  digital  paths 
which  are  particularly  suitable  for  the  treatment  of  the  pending 
jitter  problems  and  applicable  to  all  hierarchical  bit  rates. 

i.l.  Digital  path  model  a) 

One  of  the  path  models  -  model  a)  of  Pig.  1  -  is  a  tandem  connection  of 
line  path  and  muldex  sections  which  alternate  systematically. 


source  line  path  muldex 

I  I  sect.  i 


sink 


Model  a) 


source)  line  path  | 

I —  |  I 

J "i  t>—  — 1> — H> - -> 


sink 


- 0 — r 


i 

’  1 

Model  b) 


Figure  1  -  Digital-path  models  for  fitter  studies 
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The  fact  that  the  components  of  digital  paths  can  be  divided  into  two 
groups  with  basically  different  Jitter  behaviour  has  a  favourable 

consequence : 

-  PCM  multiplexers,  digital  multiplexers,  digital  demultiplexers,  and 
digital  exchanges  tolerating  relatively  high  input  Jitter, but  causing 
low  output  Jitter; 

-  line  paths  (i.e.  line  paths  on  cables  or  other  media)  tolerating 
low  input  Jitter,  generating  inherent  Jitter  and,  therefore,  producing 
relatively  high  output  Jitter. 

Model  a)  is  sufficient  for  the  description  of  the  conditions  in  a  future 
digital  network  of  the  Deutsche  Bundespost.  The  same  is  also  expected  for 
nany  other  national  networks. 

1.2.  Digital  pathmodelb) 

At  international  interconnection  points,  it  should  be  possible  to  inter¬ 
connect  without  restrictions  sections  of  the  same  hierarchical  bit  rate  via 
the  internationally  specified  interfaces.  This  means,  a  direct  interconnec¬ 
tion  of  line  paths  with  respect  to  Jitter  must  be  possible  as  worst  case. 
Therefore  model  b)  of  Fig.  1,  where  the  digital  path  is  exclusively  built 
of  line  paths,  represents  -  in  addition  to  model  a)  -  an  adequate  model 
for  international  interconnection  in  Jitter  studies. 

2.  Jitter  accumulation  on  a  digital  path 

With  given  output  Jitter  in  the  absence  of  input  Jitter  and  given  Jitter 
transfer  function,  the  shape  of  Jitter  along  a  digital  path  can  be  de¬ 
termined. 

The  lower  limit  of  the  maximum  tolerable  sinusoidal  input  Jitter  of  a 
path  must  be  situated  with  a  clearance  above  the  largest  expected  output 
Jitter  of  the  preceding  line  path. 

In  the  following,  the  Jitter  increase  along  the  path  is  represented  for 
the  path  models  as  per  1 .  The  response  has  been  determined  by  calculation 
and  by  measurements.  The  results  are  illustrated  in  general  form,  inde¬ 
pendent  of  the  bit  rate. 

2.1.  Model  a) 

In  Fig.  2,  the  output  Jitter  of  a  muldex  section  and  of  a  line  path  from 
model  a)  is  represented  without  input  Jitter.  Fig.  3  represents  the 
associated  Jitter-transfer  functions. 


(22) 


line  path 


muldex 


frequency  — *»  frequency 

Figure  3  -  Jitter-transfer  function  of  a  line  path  and  a  muldex  section 

Figure  1*  shows  the  amplitude  of  phase  jitter  along  a  path  in  accordance 
with  model  a) 
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Source:  Pseudo-random  pattern 

Output  jitter:  Measured  via  high-pass  filter  with  variable  cut-off 
frequency  f 

Input  jitter  according  to  Rec.  G.  703 
(shown  for  comparison) 

Output  jitter  of  the  source 

Output  jitter  of  the  first  line  path,  corresponding  to 
the  output  jitter  of  a  line  path  without  input  jitter 

Reduction  of  the  input  jitter  due  to  the  first  muldex 
section 

Output  jitter  of  the  second  line  path.  (Due  to  jitter 
accumulation  below  cut  off  frequency  fc»  the  values  are 
slightly  higher  than  the  ones  obtained  for  line  path 
without  input  jitter 

Reduction  of  input  jitter  due  to  the  second  muldex 
section 

Output  jitter  of  the  third  line  path 

In  the  case  of  paths  with  more  sections  than  in  model  a),  the  jitter 
values  would  increase,  although  slightly. 

2.2.  Model_b| 

In  model  b)  three  line  paths  are  connected  in  tandem.  Fig.  3  shows  that, 
for  the  same  line  path  as  in  model  a),  the  output  jitter  amplitude  will 
rise  as  in  Fig.  A.  It  can  be  seen  that  the  output  jitter  amplitude  of 
the  last  line  path  in  transmitting  direction  increases  permanently  with 
the  nunber  of  line  paths  ahead. 


© 
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Input  jitter  according  to  Rec.  G.703  (shown  for  comparison) 

Output  jitter  of  the  source 

Output  jitter  of  the  first  line  path  (identical  (D  in  Fig.  4) 

Output  jitter  of  the  second  line  path 

Output  jitter  of  the  third  line  path 

In  order  to  control  jitter  accumulation  over  the  entire  path  according 
to  model  b),  jitter  reducing  means  are  necessary  within  the  second  and 
within  all  following  sections  of  the  path.  The  reducing  means  can  be 
considered  a  replacement  for  the  jitter  reducing  effect  of  the  de¬ 
multiplexer  in  model  a).  Consequently,  the-  jitter-transfer  function 
(Fig.  6)  describes  the  muldex  -  line  path.  -  cascade.  It  is  the  product 
of  the  jitter  transfer  function  of  the  components  muldex  and  line  path 
(Fig.  3)  from  model  a). 


a 

© 

© 

© 
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Figure  6  -  Jitter  transfer  function  of  a  line  path  in  model  b) 


Additional  means  for  jitter  reduction  are  not  necessary  if  the  output 
jitter  of  a  line  path  without  input  jitter  is  already  substantially  below 
the  maximum  tolerable  value. 

The  necessity  of  specifying  the  jitter  transfer  function  of  a  line  path 
is  the  consequence  of  unrestricted  interconnection  at  international 
interconnection  points. 

Fig.  7  shows  the  shape  of  the  jitter  amplitude  along  a  path  according 
to  model  b). 
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Figure  7  -  Output  jitter  in  model  b) 


Source: 

Output  Jitter: 


0 

0 


Pseudo-random  pattern 

Measured  via  high  pass  filter  with  variable  cut-off 
frequency  f 

Input  Jitter  according  to  Rec.  G.703  (shown  for 
comparison) 

Output  Jitter  of  the  source 


© 

© 


Output  Jitter  of  the  first  line  path  (Identical  (2)  in 
Pig.  <0 

Output  Jitter  of  the  second  line  path 


© 


Output  Jitter  of  the  third  line  path. 


In  paths  with  more  than  three  line  paths,  the  Jitter  amplitude  increases 
at  the  end  of  the  path  but  slightly  because  of  the  Jitter-reducing  effect 
of  the  maximum  tolerable  Jitter  transfer  function  of  the  line  path. 


3*.  Jitter  specifications 

It  has  been  shown  in  chapter  2  that  the  components  of  a  digital  path  are 
completely  characterized  by 

—  tolerable  sinusoidal  input  Jitter 

(more  exactly:  lower  limit  of  maximum  tolerable  input  Jitter) 
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-  maximum  output  jitter  in  the  absence  of  input  jitter,  measured  as  peak 
to-peak  value  with  a  high-pass  filter 

-  jitter  transfer  function,  measured  as  jitter  gain  with  sinusoidal  input 
jitter. 

"rn  Fig.  2  to  7  the  boundaries  for  jitter  behaviour  (dash  dotted  lines) 
a.e  drawn  in  accordance  with  calculations  and  measurements  of  tolerable 
jitter  responses. 


Annex  c 

(to  Question  9/XYIII! 


State  of  CCITT  studies  regarding  equipment  design  objectives,  in  respect  to 
error  performance,  for  digital  transmission  system*  on  cables 


Introduction 


■aviaMnt  design  objectives  for  digital  tr ones lesion  vitw  tm  cables  (balanced 
pair,  oo axial  pair  wA  optioal  fibre)  art  apaoifiad  in  iao  0.911-918  aad  0,921-922, 
alimgs  lilt  a  at  work  psrfoiMioa  objectives  for  digital  line  oaotieoa  at  It* 
anrTsapnaOInt  kit  rates. 


00 HT  studies  kave  sot  pot  edvacoed  to  tke  stage  that  the  olaueo  of  those 
reaaaMBdatiOBO  wkiek  are  to  relate  to  error  perfnmeaee  am  ke  oaapleted. 


the  par  pose  of  this  want  is  to  present  tke  currant  states  of  those  studies  so  aa 
to  provide  designers  of  ooblo  digital  traaanisaion  «grat«M  kith  intori»  gaidanoe 
padiag  the  eoBpletiow,  is  respect  of  error  porfflMso,  of  tke  anetieovd 


Pelationshir  to  network  nerforr.ar.ee  objectives 


the  aetwork  error  porfomeaoo  objectives  for  the  integrated  servioee  digital 
network  (B9)  are  stated  1b  leo.  o.8?l  (Error  perfomeBoe  of  m  internet ioneJ 
digital  connection  foraing  part  of  an  integrated  servioee  digital  network) .  Those 
objeetivee  take  aoocant  of  all  errors,  however  oaaaed,  liable  to  ooour  la  a  digital 
network.  Bpii  plant  design  objectives  for  digital  tranahlgflfa  have  to  he 
eoapctikle  with  the  aatwerk  objectives  of  Mao.  G.82X 

Moat  errors  in  a  digital  network  are  attributable  to  interfering  influenoes  such  aa 
lightning  strikes,  induction  from  alee  trinity  supply  or  traetion  eysteae  or  parallel 
traialnioe  gfeteas,  aan>«ade  dieturbanoee,  eto*  Iquipaent  design  objectives 
for  digital  trwuaissioa  Qitai  should  ensure  e  degree  of  provision  in  the  wystw 
design  to  nlnimiee  the  effeorts  of  suoh  lot  erf  srenooe.  This  ie  e  subject  of  study 
within  new  Q.  12/XT.  Until  suoh  ties  aa  the  la  port  eat  error-oeaaing  interfering 
factors  oan  ke  taken  Into  aooount  in  the  definition  of  tbs  enviromental  ooaditiane 
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Toning  part  of  the  equipment  design  objectives  system  designers  need  to  el  low 
generous  ear  gins  in  reepeot  of  tbee.  This  is  dene  within  both  of  the  design 
approaches  described  hereafter. 


However,  it  should  be  observed  that  radio  rel«y  system  and  satellite  systems  will 
be  subject  to  different  error  characteristics  then  those  incurred  by  Metallic  cable 

systems. 

3  Aval lable  equipment  design  objective  approaches 


Two  distinot  approaches  to  the  error  performance  eepeota  of  digital  transaiseion 
system  design  have  been  identified!- 

-  The  error  performance  of  a  hyp°tbetioel  rsfsrsnoe  digital  path  of 
defined  length  and  constitution  is  specified)  this  serves  as  a  guide 
to  the  design  of  all  eqaijaant  itsae  involved  in  the  hypothetical 
reference  digital  path*  This  approach  is  analogous  with  that  wLopted  for 
epeoi tying  the  noise  perfomanoe  of  analogue  tranaaisaion  systems. 


-  The  quality  of  repeaters  used  in  a  tranasiaaias  eysti 
asesurad  in  tarns  of  "repeater  margin". 


is  specified  and 


Joth  approach  as  involve  the  definition  of  enviromantal  oonditiona.  In  either  oaae 
it  is  In  practicable,  for  the  present,  to  inolude  the  aariroansatsl  factors 
oonaidsrod  in  2  shove. 


Although  bssad  on  different  philosophies  it  is  not  to  he  assumed  that  either 
spfroaoh  nsoossarlly  ssolndss  the  other.  The  final  outoans  of  0C1TT  studios  nay 
wsll  be  clauses  on  error  perfomanoe  equips  wort  design  objectives  in  which  the 
two  approaches  oospleasst  each  other. 

The  two  approaches  are  oonsidsred  separately  and  in  detail  in  Sections  4  and  5 
rsspsotivsly. 

4  Definition  of  error  performar.cfc  ecuipnent  cestpr.  objective , 

specified  in  relation  to  a  hvpot hetical  reference  dt r:tal  rath 

4*1  Iso.  C-.621  expresses  the  overall  objective  for  tho  error  perfomanoe  of  tho 
digital  network,  is  a  25000  kn  kypothetioal  refer  me#  digital  path  of  64  kbit/s 

in  teme  of  the  par  seepages  oft 


-  error  free 


(icta  requiroMart) 


-  ninutes  having  a  hit  error  ratio  hotter  than  a 
threshold  value  (tho  talspboqr  requirement). 

Clearly,  equipment  design  objeotivss  for  digits!  lias  system  have  to  be 
ooewistent  with  these  overall  network  objeotivoef  two  important  adaptations 
ere  ooasidersd  neoeeasry. 


firstly,  the  equipment  design  objective  for  digital  line  systems  is  best 
expressed  as  a  "long  tern  seen  bit  error  ratio",  Syetm  designers  invariably 
start  with  an  objaotivs  for  thia.  They  then  design  regenerators  eto  taking 
aooosnt  of  the  known  iapaimmte  such  as  the  diminishing  of  s*e  opwings, 
seise,  arcs  stalk,  level  inaccuracies  eto. 


Secondly,  there  need a  to  be  *  nergin  for  the  errors  due  to  unknown  hasards 
outside  the  control  of  the  designer,  eg  unquant if iable  interferenoee  froa 
external  souroes,  so  that  the  overall  result  is  acceptable. 

4.2  Annex  6  to  Z.  (.'.tri :r*~  versior  t:  T.. 

*o  369)  suggests  that  network  objectives  expressed  as  in  ’  -tv 

with  accept  able  eoouracy,  be  alternatively  expressed  in  various  oaibinations 

ofi— 

_  a  long  tens  aeas  bit  error  ratio 

-  a  clustering  index  (is  assn  errors  per  duster). 

It  seeas  not  possible,  as  yet,  to  a  eke  a  fim  Judgement  as  to  the  degree  of 
clustering  which  will  be  exhibited  tor  digital  networks.  At  the  seas  tine, 
several  contributions  have  indicated  that  it  is  safe  to  aasuae,  for 
networks  based  on  cable  eysteas,  at  least  a  sod  eat  level  of  clustering. 

Tat  a  long  tem  seen  error  ratio  of  5.10-6  the  parentage  of  error  free 
seconds  can  bs  expected  to  exceed  9C£  for  values  of  duatsrlng  index 
greater  than  3  and  the  paromtage  of  ainutaa  of  error  ratio  batter  than 
10-5 •  to  exceed  901  for  values  of  clustering  index  leas  than  10. 

g  long  tarn  aean  error  ratio  of  5*10^  would  ease  to  be  a  reasonable 
aasuaption  for  the  total  errors,  over  25000  kn,  to  idlioh  equijnsnt 
design  objectives  Bight  be  related.  This  value  ia  not  aeoeaeerlly 
appropriate  tar  digital  npetaae  other  than  those  ualag  eahle. 

4.3  A  good  proportion  of  the  errors  in  a  25000  lot  64  hit/s  oomeation 
will  be  the  results  of  external  Interfering  factors,  protection  against 
which  is  beet  provided  hr  each  aeasures  aa  screening  of  the  oable  and 
repeeters,  high  low-frequency  out  off  in  the  repeater  mpllfiar,  etc. 

It  ia  a  natter  for  future  study  to  establish,  within  the  scope  of  the 
equips ent  design  objectives,  appropriate  standards  for  mah  aspects  of 
digital  trsnsnissicn  gjrstm  design. 

Pending  the  entaens  of  snch  studies,  it  is  suggested  to  allow  tor  external 
interfvanoee  by  nans  at  a  generous  aargln  bartwsee  the  design  objective 
specified  for  tbs  error  perfoisanoe  of  s  hypothetical  rsferanos  digital 
path,  ftnetionlag  in  an  Interfax  an  oe-free  ■virement,  and  the  proportional 
allocation  to  that  path  of  the  network  perforsanse  objective  for  the 
25000  la  hypothetical  reference  connect  ion.  As  a  provisional  solution, 
subject  to  revision  in  the  light  of  further  result  a  of  error  seesurmant 
progtmnes  8dd  of  the  total  aooeptahle  errors  night  be  appropriated  for 
cm  ah  aargln. 

This  loads  to  n  long  tom  neon  bi terror  ratio  of  1.10*^  an  aa  appropriate 
objective  for  a  25000  ka  hypothetical  reference  connection  o Deposed,  in  ell 
its  links,  of  digital  line  eystms  on  oable  and  operating  free  of  asternal 
interferences. 


The  following  table  shows  how  this  hit  error  ratio  night  be  allocated  to  the 
aain  anMivieiem  of  the  total  hypothetical  refer  anas  great  ion. 


•  The  value  preamt ly  proposed  in  Bee.  G.621  la  1.  10T*. 


Objectives  for  systasg  providing  nation*!  links  a  ay  be  derive  ■  taller  ly,  taking 
into  aooount  the  global  allocation  and  the  constitution  of  tbs  ralevmt  HSDP. 


:n:t:  on  01  9rror  orrr.cinc'r  XT', ^r.x  sir 


5.1  General  observations 

In  order  to  specify  and  evaluate  repeaters,  multiplexes,  and  actual  or 
hypothetical  ocaibi nations  of  these  ( as,  for  sxaple,  in  a  hypothetical 
reference  circuit)  it  ia  necessary  to  adopt  aeasursa  of  performance.  for 
analog  equipment,  noias  power  haa  beai  tha  principal  aeasure  eeplqyed. 

In  tha  digital  reala,  there  haa  been  a  tendency  to  uaa  error  ratio  for  this  purpose 

Error  ratioJLs  far  from  an  exact  analocy  to  noise  pewer,  however.  For  example 

note  that  an  analog  rspsatar  or  multiplex  typically  injects  a  fairly  constant 
noise  power,  which  ie  close  to  the  design  value.  A  digital  repeater  or 
Multiplex,  however,  typically  operates  at  aero  error  ratio,  and  shea  it  aakea  an 
error  these  are  usually  at  a  suoh  higher  rats  than  whatever  design  rats  say 
have  been  specified,  and  are  indeed  often  a  result  of  disturbances  not 
related  to  tha  baaio  ayrta  par  Met  era.  is  a  oonseqaeaoe,  error  ratio  haa 
several  drawbacks  aa  a  Measure.  Saaa  of  those  arei- 

—  System  ccaponants  almost  never  operate  near  their  design  error  retioe. 

—  Brorratio  of  e  Multiples  ia  aa  aleost  aeaniaglees  oonoept.  boept 
in  oaae  of  failure,  sultlplsxee  should  operate  error  free. 

-  Irror ratio  ie  e  very  poor  aeaeuro  of  repeater  performance.  Observed 
exrore  in  e  properly  designed  ad  operated  repeater  are  aoct  likely 
e  result  of  ele ertroasgnet i o  or  other  disturbances  unrelated  to  tho 
repeat or. 

—  the  allocation  of  error  ratios  to  the  several  sageente  of  a  complete 
oomaotlon  hears  little  relation  to  eituatioaa  observed  in  prentice. 
TypioalJy  at  any  time  when  the  error  ratio  of  a  reel  oonaeotion  ie 
significant,  the  arrorratics  on  all  sagaents  sroept  one  are  negligible. 


It  is  interesting  to  not#  that  noise  power  aa  a  i 
analog  ay  at  ms  ah  area  none  of  those  drawbacks. 


of  perfaraanoa  in 


Aa  a  oonaaquenoa  of  thaao  oonaid«tions  g.821  osprs,  aa  the  objective  for  a 
hypothatioal  digital  oonaeotion  in  tarns  not  of  error  rate,  but  ia  %  of 

interval  (one  eeooad  and  one  minute)  vbioh  have  aim  ia  esoees  of  e  stated 


5*2  FeriC'^.*  or  r.arrtr. 

In  analog  eyatwie,  the  ease  Measure,  noise  power,  used  in  evalnstirg 
connection*  ie  also  e  good  aeeeure  of  repeater  quality  and  ia  often  used  aa  aa 
objective.  In  digital  systems  neither  error  ratio, nor  edthar  of  tha  aeaeuraa 
of  0.821  bear  suoh  reletisn  to  repeater  quality.  The  aeaaura  suggested  for  this 
purpose  ie  margin  ( expressed  in  dB)  against  a  10-7  error  probability,  Tha 
margin  that  increase  in  the  deninant  interference  (such  as  them  el  noise  er 
crcestalk)  fraa  its  noainal  cr  actual  value  which  produces  a  1C**7  error 
probability •  This  of  course  requires  careful  definition  and  seas  contributicna 
have  addressed  thi*  ieeue.  Bagardlces  of  exact  definition,  however,  the  crucial 
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point  is  that  tha  nptctir  is  specified  and  naasored  undar  oonditiona  excluding 
any  uncontrolled  interference  (ouch  as  lightning)  ao  that  repeater  error 
atatiatioa  ara  in  fast  vail  represented  by  Poisson  arrivals  and  so  arror  prol^ 
ability  is  conplata  description  of  the  arror  perfomanoe..  This  is  in  sharp 
oontrast  with  a  typical  rapaatar  installed  in  tha  field. 


Tha  choioa  of  10 is  not  crucial  —  bat  is  probably  qnite  raasonabla  for 
higher  apaad  ay* tans.  10"°  ni^fat  ba  sore  appropriate  for  rapaatar*  in  tha 
1.5-2  Mbit/s  range,  so  that  nsasormant  istarvals  of  tha  ordar  of  a  fsw 
seoonda  oan  ba  used. 

To  il  last  rat  a  tha  utility  of  this  measure,  oonsidar  a  100  Mbit/a  ooax  rapaatar 
with  margin  of  5  4B  against  10-7  arror  probability. 

divan  a. rapaatar  in  tha  lab  or  in  tha  field,  thsra  is  no  diffioulty  in 
ns— ring  its  parfarsanoa  (by  adding  noiss  for  example)  on  tha  addsd  noiss 
oan  raadily  ha  adjust  ad  until  10“7  (at  100  Mbit/s  ■  10  srrors/sseood  }  is 
obtained.  (Actually  tha  a  savor  an  ant  cf  arror  prohahility  la  not  aritioal, 
as  an  ordar  of  nagnitada  variation  eozrasponds  to  only  shoot  0.5  dB  of 
oargin).  Tha  nargin  against  ICn  arror  probability  is  also  a  raasonabla 
eritfcjrioo  for  a  dasignar  to  oensidar,  and  a  oonvanlant  quantity  to  mas  in 
prodaotiou  tasting. 

It  night  ba  thoa^t  that  tbs  rapaatar  amid  ha  apsoiflad  by  ita  experienced 
arror  probability  (with  no  additional  noi as)  -  hot  this  woo  Id  bs  shoot  IP"  , 
ao  Ion  as  to  bo  oanplstaly  nma ssnrsbls. 

As  n  tentative  dasigo  objective,  a  rapaatar  nargin  af  tbs  ord«-  of  5  dB 
against  1.1<r*7  to  10  dB  1.1<T°  night  Iniaad  ha  raasonabla  for 

repeaters  ahova  3  Mbit/s.  1m  tbs  1-3  Mbit/s  ragt,  this  ooold  ha  againat 
10"®  arror  probability. 


Thsss  valosa  ara  probably  not  groasly  nwraaaonshla  hot  tluy  ara  not  diraotly 
obtained  from  tha  network  parfomanoa  objectives.  Tha  rslatitnahip 
ho  tha  oohjsot  of  fhrthor  stady. 

Cccaaissioninr.  objectives 

6.1  Checks  cf  system  error  Tier  fontanci 

Both  tha  approanhaa  ahova  rslats  to  pHrfbmanoe  in  an  intarfsranos-frss 
environment.  Xt  follova  that  whan  tha  parfomanos  af  an  instsllsd  systen 
is  nsnmrad  with  a  visw  to  aha  eking  whothar  a  objsotivs  is  nst 

pmosations  ara  naaassoty  to  identify  arrora  attrlbotahla  to  tha  anviranant. 

This  is  nsossssrily  lass  than  an  asset  proeadn re,  and  prinary  ralianoa  ahoold 
ha  plaoad  on  varifloation  that  tha  exponents  scat  thsir  daaign  ohjactlvas. 

Periods  daring  whiok  errors  oocnr  slnultmeoaaly  with  ohsarvsd  potnrtial 
intarfaranoss  ahoold  dearly  ha  discounted. 

Considaration  of  tha  diwtribotion  of  sassorad  arrora  nay  juatify  tha  disoountlx* 
of  isolated  bursts,  svas  whm  it  hns  not  bam  possible  positively  to  identify 


Kquija«nt  daaign  objactivas  are  applicable  only  to  gywtena  in  good  working  order. 

It  follow*  that  error*  paused  hj  faulta  bav*  to  be  dieooucted;  however,  the  overall 
lnoidano*  of  intarrupticns  due  to  faults  la  properly  subject  to  raonaa  sedations 
oca  pern  ed  with  equipnant  reliability. 

Sana  errors  *v  result  fro*  opponent*  failing  intereitterrtly  or  ondergoix$ 
ohangee  with  res  peat  to  their  operating  characteristics.  Suoh  sight 
justifiably  be  attributed  to  equlpsent  design  rather  than  raliability  failure. 

1  aatiefaotozy  test  on  oosniaaioning  objectives  for  error  performance  taking 
all  thaee  aapecrta  into  aooount,  oan  be  drafted  only  after  further  ttudy  end 
experience. 

Annex  6 

(to  Question  9/XVIII } 

Error  performance  objectives  for  integrated  services  digital  networks  ( ISPS) 
.(Contribution  by  the  International  Telephone  and  Telegraph  Corporation) 


1.  Introduction 

The  digital  connections  eat  up  by  an  intsgratad  services 
digital  network,  normally  of  *4  kbit/a,  ua  envisaged  to  ba 
asad  for  different  purposes,  spaa eh,  data,  facsimile,  ate. 

These  usages  dif far  ia  thsir  sensitivitise  to  arson  introduced 
into  oonnaotlcns  by  tba  network,  both  as  zagarda  tba  auabara  of 
errors  and  their  distribution,  for  this  reason  tba  arror 
parforawoa  requirements  of  tba  ISOM  axa  being  formula  tad  in 
tana  of  aaaa  arror  ratio#  and  in  tagrating  parioda  which  an 
particular  to  aach  uaaga.  For  data  tha  objective  is  eapxeaaed 
in  srror-free  aacondsi  for  talaphony  by  aaana  of  minutes  hawing 
better  than  a  threshold  arror  ratio.  Otbar  anwisagad  uw 
uaaga* ,  facsialla,  pictuza  phone,  ate.  may  raguirs  tha  formal  a- 
tion  of  reqiH  r— nta  ajg>raasad  in  yat  othar  ways. 

Tha  44  khit/s  oonaactlon*  of  tha  ISOM  should,  of  courts,  haws 
an  arror  psrfomanca  which  is  at  ones  acceptable  for  all  m 
aarwicas.  To  this  and  it  ia  daairabls  that  tha  saparataly 
aaprsaaad  ob jactivaa  ba  oospatlbla  in  that  thay  oonfon  to  a 
aiagla  required  quality  of  tranni  salon. 

Tba  objective  of  this  oontributioo  ia  to  praaant  a  aaana  of 
defining  error  performance  which  at  oan 

•  take*  account  of  tba  ways  errors  an  distributed 
in  practice 

-  ia  oonvaaiaatly  convertible  into  forms  which 
an  aaauiagful  Cor  differaat  zstM  usagaa 

•  provides  a  basis  of  comparison  of  the  lawala  of 
digital  traaaniaaion  quality  iaplied  by  uaaga- 
oriented  performance  objectives. 


Mbf****i&t»  w*<  I1'"'-"  •*»  #  * 
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2,  A»»»"«ptlon«  relevant  to  error  distribution 

E*rly  studies  of  digital  network  error  performance  generally 
assumed  a  conatant  bit  error  probability,  its  value  being 
approximated  by  tbe  long  term  mean  error  ratio,  a  readily 
measurable  quantity.  The  mathematics  of  the  resultant  error 
distributions  was  available  -  the  Poisson  distribution. 

The  percentages  of  integrating  periods,  seconds,  minutes, 

5-minutes  or  whatever,  during  which  specified  error  ratios, 
choices  exercised  according  to  the  particular  ISDN  service  being 
considered,  might  be  exceeded  were  calculable  from  the 
long  term  mean  error  ratio. 

In  the  event  measurements  of  realized  error  performance  have 
denonetrated  that  errors,  in  practice,  occur  in  clusters,  so 
invalidating  the  aaausqption  of  a  constant  bit  error  probability 
and  derivations  based  on  Poisson  theory. 

We  suggest  that  the  following  alternative  basic  assumptions 
accord  reasonably  well  with  the  actual  behaviour  of  real  networks, 
so  far  as  they  have  been  observed  ; 


The  probability  per  bit  that  an  error  cluster  will 
begin  is  constant  and  is  approximated  by  the  long 
tens  mean  ratio  of  cluster  rate  to  bit  rate 


-  The  niuabers  of  errors  in  clusters  themselves  follow 
a  Poisson  distribution. 

The  matheeatics  of  such  error  distributions,  although  rather  more 
coaplsx  than'  the  simple  Poisson  distribution,  is  already  available 
and  promises  to  satisfy  the  objectives  put  forward  in  the 
introduction  above. 


A  Contagious  Distribution  (see  ref.) 


Such  a  distribution,  derived  from  the  foregoing  stated  assumptions , 
is  defined  by  tiro  parameters! 

-  the  cluster-bit  ratio  (ex)  expressed  as  the  seen 
nueber  of  clusters  per  stated  sample  size  of 
transadtted  bits 

«  the  aman  number  of  errors  per  cluster  (aj) . 

The  probability  of  encountering  exactly  "r”  errors  in  a  sample 
is  given  by: 


_  m,i  .  -m  )  1 1 

pr  = - •  .  =0 

r  !  ( 


whars  lam,*  ‘rni 


(22) 
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rh«  special  cass  of  the  probability  of  a  sample  containing  no 
•rrors  is  giv«n  byt 


Po*««p  |  -m,  ii  • 


Th«  mean  of  tha  distribution  is  mi. m2:  this  is  squal  to-n.p, 
whsra  n  is  tha  numbar  of  bits  in  tha  chosan  sample,  64  kbits 
possibly,  and  p  tha  long-tarn  naan  arror  ratio. 

Tha  variance  of  tha  distribution  is  rnin^d  *  » 2)* 

Zt  is  to  be  notad  that  as  m2  -  0  so  do  tha  naan  and  tha  variance 
of  tha  distribution  approach  equality,  tha  characteristic  of 
tha  sisple  Poisson  distribution. 

Also  noteworthy  is  tha  fact  that  clusters  are  characterized 
only  by  tha  numbers  of  errors  they  contain# 


For  64  kbit/s  transmission,  long  tarn  maan  arror  ratios  of  10~5, 
3.10's,  3.10"*  and  1.10"6  and  mean  values  of  errors  par  cluster 
of  from  1-1000  we  have  calculated  the  forecast  percentages, 
according  to  the  foregoing  mathematics,  oft 

-  error  free  seconds  (Fig. 1) 

-  minutes  during  which  the  error  ratio  is  better 
than  10-5  (pig.2) 

-  minutes  during  which  the  error  ratio  is  better  than 
10T«  (Pig.  3). 

The  ranges  of  values  taken  into  account  era  those  appropriate 
to  be  considered  in  relation  to  performance  objectives  for  a 
25,000  km  hypothetical  reference  digital  connection,  the  subject 
of  Use.  g.821  (Error  performance  on  an  international 

digital  connection) . 
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Figure  1  -  The  variation  with  degree  of  clustering  of  the  percentage  of  seconds 
of  6U  kbit/s  transmission  which  are  error-free  for  different  values 
of  long  term  mean  error  ratio  (p) 


Figure  2  -  The  variation  with  degree  of  clustering  of  the  percentage  of  minutes 
of  6h  kbit/s  transmission  having  an  error  ratio  less  than  10  5  for 
different  values  of  long-term  mean  error  ratio  (p) 
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Figure  1  confirms  the  frequently  observed  effect  of  error  cluster¬ 
ing  that  performance  expressed  in  terms  .of  error  free  seconds  is 
significantly  better  than  mould  be  expected  from  a  measured  long 
term  mean  error  ratio  and  an  assumed  Poisson  distribution  of 
errors. 

The  particular  long  term  mean  error  ratio  which  would  satisfy  a 
95%  error  free  seconds  objective  depends  on  the  degree  of 
clustering.  K  long  term  error  ratio  of  10“5  would  suffice  given 
a  degree  of  clustering  as  high  as  is  represented  by  an  errors 
per  cluster  value  of  12.5. 

Otherwise,  tne  necessity  of  a  superior  long  term  mean  error  rate 
is  indicated. 


Error  oerformance  objective  for  teleohon 


Figure  2  demonstrates  an  effect  of  error  clustering  which  seems 
not  to  have  been  so  well  anticipated  as  that  referred  to  in  3. 
above  but  is  quite  explicable,  nevertheless.  If  the  significant 
Integrating  duration  is  one-minute  and  the  acceptability  criterion 
is  an  error  ratio,  over  the  minute,  of  10'5,  error  clustering  up 
to  a  mean  value  of  errors  per  cluster  of  about  50  actually 
reduces  the  percentage  of  acceptable  minutes  for  a  given  long 
term  mean  error  ratio.  For  values  of  mean  errors  per  cluster 
greater  than  50  the  percentage  of  acceptable  minutes  increases 
progressively. 

The  same  effect  is  not  so  evident  for  a  one-minute  threshold  of 
error  ratio  10~6  (see  Fig.  3) .  The  maximum  acceptable  number  of 
errors  per  minute  in  this  case  is  only  three  so  the  curves  have 
shapes  rather  similar  to  those  for  error  free  seconds  (Fig.  1). 
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6.  HMd  for  field  measurements  of  error  ratios  and  dlatrlbutloi  = 

A  major  difficulty  associated  with  the  formulation,  at  the  present 
time,  of  error  performance  objectives  for  the  ISON  is  the  scarcity 
of  measurements  of  the  error  performance  of  working  systems. 

Such  data  are  essential  if  the  objectives  set  are  to  be  realistic. 

During  the  1977-80  study  period  to  date  the  only  measurements 
contributed  to  Study  Group  XVIII,  to  our  knowledge,  were  those 
by  Prance  (COM  XVIII  -Nos.  28  and  278)  and  Switzerland  (COM  XVIII 
-  No.  208);  these  were  necessarily  limited  in  scope  to  relatively 
short  distance  transmission  systems  but,  even  so,  have  been 
extremely  useful.  It  is  desirable  that  the  reply  to  Q.  1/XVXII 
for  1977-80  and  the  texts  of  new  questions  Set  for  1981-84 
eaphesixa  the  importance  of  new  information  derived  from  field 
measurements. 

Ails  contribution  confirms  the  need  to  measure  data  which  are 
indicative  of  the  distribution,  or  clustering,  of  errors  as  well 
as  she  overall  ratio  of  errors  to  bits  tranaaiittad.  This  might 
be  done  in  various  ways. 

The  Swiss  contribution  COM  XVXII-No.  208  analyses  the  total 
duration  of  a  2048  kbit/s  transmission  into  the  elemental  periods, 
seconds  or  minutes,  containing  different  nimfcers  of  errors, 
including  zero.  The  transmission  rate  and  the  length  and  type 
of  connection  have  to  be  stated,  of  course.  The  French 
contribution  COM  XVI 1 1- No.  278  describes  a  rather  similar  programs* 
of  aeaeureeente  performed  on  140  Mait/s  systems.  Both  parameters 
■l  and  m2  can  be  determined  from  the  data  producad  by  such 


Alternatively,,  the  parameter  mj  say  be  measured  directly  by  a 
awaiting  of  the  total  hits  in  arror  and  of  the  number  of  clusters, 
i.e.  the  number  of  errors  which  are  the  first  errors  of  new 
clusters.  A  cluster  is  charactsrlzsd  by  the  large  nuabers  of 
oorrectly  transmitted  bits  which  separate  it  from  adjacent 
clusters  compared  with  the  numbers  which  separate  the  bit  errors 
within  itself. 


7.  3 ternary  and  Conclusions 

The  study  of  ISOM  performance  objectives,  e.g.  with  reference 
to  a  hypothetical  25000  km  64  kbit/s  connection,  la  substantially 
simplified  by  two  basic  assumptions: 

-  that  arror  clusters  (as  distinct  from  the  errors 
themselves)  are  randomly  distributed, 

-  that  the  numbers  of  errors  per  cluster  are  also 
randomly  distributed. 

Error  performance  objectives  expressed  in  terms  of  different 
arror  ratio  thresholds  and  integrating  periods,  meaningful  for 
different  ISDN  services,  are  than  comparable  on  the  basis  of 
two  parameters,  the  long-term  mean  arror  ratio  and  the  mean 
number  of  errors  per  cluster.  The  recommending  of  inconsistent 
objectives  for  different  services  can  in  this  way  be  avoided. 


The  two  mentioned  parameters  do,  in  themselves,  provide  a 
sufficient  method  of  specifying  an  ISDN  performance  objective; 
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furthermore,  an  objective  expressed  in  this  way  is  readily 
apportioned,  as  appropriate,  to  different  parts  of  the  reference 
connection. 

The  importance  of  store  field  measurements  of  error  performance 
is  emphasized;  suggestions  are  made  as  to  how  these  may  most. 
effectively  provide  information  on  error  distributions  as  they 
occur  in  reality. 
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Annex  7 

(to  Question  9/XVIIl) 


Relation  between  error  measures 
(Contribution  by  American  Telephone  and  Telegraph  Company) 


1*  A  proposed  draft  recommendation  suggests  two  error  performance  objectives, 

both  of  which  are  to  be  met  concurrently.  These  are: 

-  More  than  90  percent  of  minutes  to  have  better  than  1 -10-6  error  ratio. 

-  More  than  92  percent  of  seconds  to  be  error  free  (for  64  Kb/s  connections). 

It  is  natural  to  inquire  as  to  the  relation  between  these  requirements.  This  relation  may  be 
investigated  by  making  some  assumptions  regarding  the  error  statistics.  Alternatively,  the  limits 
on  one  measure  guaranteed  by  the  other  regardless  of  the  statistics  may  be  calculated,  and  this 
calculation  is  carried  out  below.  It  is  found  that  a  connection  providing  exactly  90  percent 
minutes  at  better  than  1-10*6  error  ratio  will  provide  from  85.5  to  99.8  percent  error-free- 
seconds  at  64  Kb/s,  and  that  a  connection  providing  92  percent  error-free-seconds  at  64  Kb/s  will 
provide  from  0  to  97  percent  minutes  better  than  1-10*6. 

2.  If  we  have  90  percent  minutes  better  than  1-10"®,  then  for  90  percent  of  the 
minutes  there  must  be  less  than  (10*6)  (64)  (10^)  (60)  =  3.8  errors.  Therefore,  there  can  be 
from  0  to  3  errored  seconds  in  the  90  percent  interval.  In  each  minute  of  the  10  percent  (at 

the  limit)  or  minutes  worse  than  10*6  there  must  be  at  least  four  errors,  which  could  all  occur  in 
one  second,  or  there  could  be  60  errored  seconds  in  each  such  minute.  Therefore,  the  percent 
error  seconds  corresponding  to  the  90  percent  minutes  criteria  ranges  from 

(0)  90S  +  (1/60)102  =  0.175  to 
(3/60)  90S  +  (60/60)  10S  =  14. 55 

3.  If  we  have  92  percent  error  free  seconds,  me  8  percent  errored  seconds  could 
each  have  one  or  more  errors.  Since  any  second  with  4  or  more  errors  causes  the  minute  in  which 
it  appears  to  be  worse  than  the  10*6  threshold,  and  8  percent  of  60  seconds  is  4.8  seconds,  there 
may  be  no  minutes  better  than  1-10*6.  On  the  other  hand,  if  three  errored  seconds  occur  ir  each 
minute  for  31  minutes,  and  then  one  minute  with  60  errored  seconds  occurs  we  have  still 
fepproximately)  8  percent  errored  seconds,  but  now  (approximately)  97  percent  minutes  which  are 
better  than  1 *10*6. 
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Annex  8 

(to  Question  9/XVIII) 


Effect  of  digital  signal  processing  devices  on  the 
transmission  performance  of  international  digital  connections 

(Contribution  by  Bell-Northern  Research/CTCA) 


|l»  Introduction 


It  has  bam  known  for  soma.tlaa  that  an  intarnational  digital  rnnaarMna 
sstwam  countries  using  A-law  and  Mu-law  PCM  coding  will  require  digital  coda 
coavaraioa  if  aa  excessive  aaoust  of  distortion  ia  to  ba  avoided.  A  suitable  coda 
conversion  baa  baaa  raco— aadad  (taco—aadatloa  C.711)  and  tha  performance  of  an 
Idaal  eoaaactloa  involving  aa  A/ Mu,  Mu/ A-law  coavaraioa  haa  bam  ptAllsbod  (CCttt 
Cram  Book  Tol.  III-3  p.  SAA  Figure  A). 

Mavsrtbolasa,  a  practical  intarnational  eoaaactloa  nay  coatala  additional 
processing  devices  (ditch  cm  cauaa  further  distortion.  Thara  will  also  ba  a 
further  degradation  due  to  random  bit  errors. 

Daiag  computer  models,  calculations  haws  tharafora  bam  aada  of  tha  overall 
signal  to  distortion  ratio  (for  a  gaussiaa  input  signal)  of  various  practical 
esmsctloaa.  These  cenaoctloaa  include  A/Mu-law  coavaraloaa  and  other  digital  signal 
processing  devices  such  as  a  t  dl  digital  pad  and  a  typical  bit  reduction  schma. 

affect  of  random  bit  errors  baa  also  bam  investigated.  The  -iirltlt  — — -  idaal 
A  sad  Ite-lav  sagamtad  coding  lama  and  conversion  rules  according  to  lacommaadatioa 
Ca7XXa 


Calculations  of  the  signal  to  distortion  ratio  of  A  and  Mu-law  encoding 
with  each  of  the- digital  signal  processing  devices  alone  are  given  in  Figures  la  and 
lb.  Notice  that  a  6  dB  pad  has  been  used  in  these  calculations.  Other  pad  values 
would  give  somewhat  different  values  of  signal  to  distortion  ratio  for  A  or  Mu-law. 

In  this  and  subsequent  figures  the  dashed  line  represents  the  template  for 
the  allowable  signal  to  distortion  ratio  of  a  single  codec  from  Recommendation  G.712 
(gaussiaa  signal  input), 

2.  Calculation  laaulca 

(i)  Oaa  vary  laportaat  practical  connection  involve*  an  A/Mu-lav  conversion  where 
tha  craasmiaaioa  loss  is  achieved  by  aeans  of  a  6  dB  digital  pad  inserted 
prior  to  the  receive  codec.  This  connection  is  shown  in  Figure  2a.  Signal 
to  distortion  ratios  for  Mu  to  A  and  A  to  Mu  directions 
of  traaemiaaioa  for  this  configuration  are  ahovn  in  Piguraa  3 a  and  3b,  with 
and  without  a  6  dl  digital  pad  and  a  random  bit  error  ratio  of  lCf*  .  It  is 
clear  that  tha  degradation  introduced  by  the  rendom  bit  errors  is  tha  dominant 
feature.  In  comparison  with  Figuras  Aa  and  4b,  which  ahow  tha  effect  of 
random  bit  errors  without  my  psd  or  A/Mu  Isw  conversion,  it  cm  bs  sssn  that 
tbs  connection  of  Plgute  2a  would  have  the  same  signal  to  diatortlon  ratio  as 
s  random  BEK  of  betvean  1(P  and  ICf5  .  This  level  of  eisnal  to  distortion 
ratio  can  raault  in  parceivad  degradation  (CCIE  Doc.  b/75;  197lt-l07c), 

particularly  for  low  level  signals. 


*  To  facilitate  the  preparation  of  this  text  the  symbol  Mu  was  used  in  place  of 
Greek  letter  u  throughout  the  text. 
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(11)  The  configuration  analysed  above  can  be  extended  to  include  the  effect  of 

extra  signal  proceaalng  which  night  occur  due  to  for  example,  digital  speech  „„ 
interpolation  system*.  When  such  a  system  is  in  overload  one  technique  to  make  more 

channels  Instantaneously  available  is  to  reduce  the  niMber  of  blts/sasple  to 
7.  this  is  also  known  aa  trans-coding.  Although  this  bit  reduction  occurs 
dynamically  depending  on  the  instantaneous  talker  activity,  a  worst  case  is  to 
aastssa  continuous  bit  reduction  to  7  bits.  A  connection  consisting, 
therefore,  of  a  Mu/A-law  conversion,  6dB  digital  pad,  7  bit  transcoding  and  • 
random  BEE  of  l(f*  has  been  analysed.  This  connection  is  shown  in  Figure  2b. 
ike  aignal  to  distortion  ratio  for  either  direction  of  transmission  of  this 
connection  is  also  shown  in  Figures  3a  and  3b.  The  additional  7-bit 
transcoding  causes  some  reduction  In  the  signal  to  distortion  ratio  for  high 
iasal  signals.  However,  in  this  level  range  the  signal  to  distortion  ratio  is 
still  sufficiently  high  that  the  subjective  effect  would  be  unnotlceabls. 

Once  again,  the  subjective  effect  would  be  on  low  level  signals. 


3.  fl"*1  Cnncluaintla 

Several  computer  models  of  practical  international  digital  coaaectlons 
involving  A/Mu  law  conversions,  digital  pads  and  bit  reduction  schemas  have  bees 
analysed.  Calculations  have  shown  that  the  addition  of  digital  signal  processing 
devices  result  in  e  decrease  of  signal  to  distortion  ratio,  for  connections  with  a 
bit  error  ratio  of  l(fs  this  decrease  la  sufficient  co  cause  a  noticeable  change  in 
the  perceived  degradation,  particularly  at  low  signal  levels.  It  la  therefore 
suggested  that  the  affect  of  digital  processing  devices  should  bo  taken  into 
consideration  when  allocating  Impairment  in  an  international  digital  connection. 
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QUESTION  10/XVI1I  -  Availability  for  the  ISDN 

(continuation  of  Question  5/XVIII,  studied  in  1977-1980) 

1.  What  availability  parameters  should  be  delined  for  the  ISDN,  and  what  values 
should  be  recommended  for  each  parameter  ? 

In  particular,  values  of  parameters  should  be  defined  on  an  overall  basis 
(customer  to  customer)  and  apportioned  as  appropriate  to  nodes  and  links  in  the  network 
for  different  aspects  of  each  service  (see  Annex). 

2.  What  methods  should  be  used  to  measure  the  availability  ? 

3.  Which  hypothetical  reference  models  should  be  coordinated  with  the  studies 
on  determination  ? 

Note  1  :  Studies  of  this  Question  should  be  based  on  the  results  of  those  carried 
under  Question  9/XVIII  and  in  close  cooperation  with  the  appropriate  Study  Groups. 

Note  2  :  Replies  to  this  Question  will  be  transmitted  to  Study  Group  CMBD  as 
contribution  to  Question  2/CMBD  by  the  Rapporteur  for  availability. 

Note  3  :  Meeting  these  aims  requires  careful  study  of,  an  ‘'_ed  approach  to,  all 

aspects  of  service  availability  such  that  particular  parameters  are  not  considered 
in  isolation. 


Annex 

(to  Question  10/XVIII) 


Reply  to  Question  5/XVTII  (Reliability  and  availability  of  digital  networks) , 

Study  Period  1977-1980 


General  aspects 

The  availability  and  reliability  performance  objectives  era  highly 
dapaniant  on  the  definitions  of  failures  In  a  network.  These  are  different  for 
different  services  and  one  failure  also  has  different  effects  on  the  functions 
of  different  services.  Sines  the  various  availability  requirements  depending 
on  different  services,  leads  to  different  costs  in  the  network,  it  is  necessary 
to  start  with  at  least  one  objective  for  each  service  and  than  try  to  coebine 
them  in  such  a  way  that  tha  nasbar  of  objectives  will  be  reduced. 

As  a  basis  Tor  further  studies  at  least  the  following  four  levels  of 
performance  will  be  used  : 

1 )  Normal  service 

2)  Degraded  for  data 

i)  Interruption  for  non  telephony 

t)  Total  interruption. 

These  levels  as  well  as  the  objectives  have  to  be  defined  with  a 
number  of  suitable  parameters  and  the  study  of  which  parameters  can  be  used 
is  a  task  for  the  next  study  period. 


(22) 
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The  service  availability  objective  will  be  established  ta.-'.in?.  into 
consideration  the  quality  of  service  offered  to  the  subscriber  and  that  which 
can  be  achieved  by  the  Administrations.  The  Administrations  will  be  able  to  allocate 
their  maintenance  personnel  and  procedures  and  the  provisioning  of  stand  by 
equipment  and  alternative  circuits  in  a  manner  most  appropriate  to  themselves 
but  at  the  same  time  achieving  the  performance  objectives. 

Calculating  failure  occur  *ioaa  and  the  probability  for  a  failure  in  the 
network  '  ikes  it  naoeasary  to  use  statistical  methods.  This  should  be  taken  into 
account  when  evaluating  or  measuring  failures  in  a  nstwork*. 

From  the  above  is  understood  that  specifying  all  failures  and  failure 
effects  in  a  'complete  network  with  a  number  of  different  services  is  a  rather 
complicated  task.  This  makas  it  nscsssary  to  usa  simplified  models,  such  as 
hypothetical  reference  circuits  and  the  work  with  those  must  continue  with  high 
priority  during  the.  next  e tardy  period.  One  first  model  has  been  developed  during 
the  study  period  (see  Figure  1). 

When  an  overall  availability  performance  objective  has  been  formulated, 
the  next  very  important  problem  is  how  to  allocate  values  ( requirements )  to  the 
various  parts  of  a  nstwork.  This  is  an  economic  problem  of  high  importan.no  and 
poesibls  optimisation  methods  must  be  dealt  with  as  soon  as  possible. 

Conclusions  and  future  work 

a)  The  principle  to  divide  the  network  into  two  basic  parts,  (1)  subscriber 
sub-system,  (2)  linking  sub-system  has  been  provisionally  adopted  as  the  basis  for 
further  studies.  It  was  also  agreed  that  the  linking  sub-system  portion  should 
receive  initially  the  greatest  emphasis.  This  principle  is  described  in  more 
detail  in  Appendix. 

b)  A  simplified  calculation  model  should  be  used.  Figure  1  io 
such  a  model  and  represents  a  part  of  a  switched  connection  in  an  inte¬ 
grated  digital  network.  This  model  does  not  include  alternate  routing 
or  rerouting.  Sufficient  redundancy  may  be  included  to  achieve  the 
desired  level  of  availability,  considering  also  maintainability. 

c)  This  model  could  later  be  expanded  to  include  2  or  more  routes 
between  the  two  switching  centres  and  the  achievable  availability  under 
these  conditions  may  be  determined.  It  may  be  desirable  to  indicate  such 
objectives  in  both  of  the  following  manners  :  (l)  at  any  instant  of  timo 
x  per  cent  of  the  paths  shall  bo  available,  and  (2)  any  particular  path 
should  be  available  y  per  cent  of  the  time. 

Additional  refinements  to  the  model  may  also  be  achieved  by 
including  alternate  routing  through  other  switching  centres  and  network 
manag-nont  principles.  These  refinements  may  indicate  that  a  desired 
availability  objective  may  be  achieved  for  the  linking  sub-system  with 
lower  values  of  availability  objectives  fqr  individual  parts  of  that 
system  than  originally  indicated  by  the  study  of  the  basic  model  propos-.d 
in  (b).  In  all  cases,  it  has  been  assumed  that  sufficient  paths  have 
been  provided  using  traffic  engineering  principles  to  obtain  a  specified 
grade  of  service. 

The  interdependency  of  traffic  engin' -ring  and  path  availability 
objectives  must  finally  be  determined. 

d)  Availability  objectives  for  the  subscriber  sub-system  would  be 
studied  in  the  future  or  left  to  Jthe  responsibility  of  each  national 
network  Administration. 
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e)  The  definitions  of  faults  and  the  effect  of  a  fault  is  fundaaen'  al 
for  the  availability  and  reliability  of  a  network.  Definitions  such  as 

error  characterizations  and  data  (values)  are  needed.  During  this  study  period 
the  following  values  have  been  stated  : 

-  An  error  ratio  in  excess  of  1.10-3  is  generally  regarded  as  being  a 
criterion  for  unavailability. 

-  On  a  6h  kbit/s  path  this  nay  more  conveniently  be  expressed  as  an  error 
count  of  more  than  6U  errors  per  second,  persisting  for  x  secunds. 

-  As  a  time  criterion  for  unavailability  1...2  seconds  have  been  mentioned 
initially  for  digital  service,  as  this  is  the  time  after  which  digital  multiplexes 
equipments  become  normally  unavailable  when  detecting  an  exc  sible  error  rate. 

A  value  of  10  seconds  for  telephony,  as  proposed  by  Study  G-  has  been 

considered.  The  exact  value  should  be  decided  in  cooperatio  h  relevant 
Study  Groups  '(such  as  Study  Group  XI  and  CCIR  Study  Groups). 

f)  The  description  of  the  availability  concept  and  other  definitions  being 
studied  by  Joint  Study  Group  CMBD  will  be  used  as  the  basis  of  availability  work 
in  Study  Group  XVIII. 

g)  Different  levels  of  performance  have  to  be  taken  into  account  in  an 
ISDN.  Together  with  the  probability  for  a  subscriber  to  notice  the  different 
levels  this  is  essential  for  the  future  studies.  More  information  and  some  proposed 
values  are  given  in  Annex  5  of  Question  9/XVIII , 
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Appendix 

(to  Annex  to  Question  10/XVIIl) 

Availability  of  digital  transmission 
(contribution  by  the  Italian  Administration) 

1.  Introduction 

With  ,'eference  to  Question  5/XVIII  in  this  contribution,  the  Italian 
Administration  presents  some  general  considerations  in  order  to  define,  evaluate  and 
express  the  availability  of  digital  transmission  systens. 

2.  Networks  and  transmission  systems 

An  analogue  or  digital  telecommunication  network  can  be  subdivided  into  two 
basic  sub-systems  : 

1)  subscriber  sub-system  -  that  includes  all  the  parts  being  assigned  to 
subscribers  and  allowing  the  access  to  the  network  (telephone  set,  individual 
line  connecting  the  subscriber  with  the  local  exchange,  local  exchanges); 

2)  linking  sub-system  -  that  includes  the  plants  and  the  facilities  in  common 

among  all  the  users  which  are  assigned  on  demand  by  a  frequency  division 

(analogue  transmission),  space  division  (space  division  switching),  or  time 
division  (digital  transmission  and  switching). 

Aiming  to  a  study  concerning  the  interconnection  and  the  interworking  of 
systems  belonging  to  different  Administrations,  it  is  mainly  important  the  linking 
sub-system  which  here  means  Integrated  Digital  Network  ( IDN )  and  Integrated  Service 
Digital  Network  ( ISDN ) . 

Such  a  network  includes  : 

a)  nodes  -  where  switching,  signalling,  multiplexing  and  A/D  conversion  are 
carried  out; 

b)  branches  -  links  connecting  the  nodes  in  different  ways. 

As  a  first  approach  to  the  problem,  the  study  of  the  transmission  systems 
on  the  reliability  point  of  view  could  be  carried  out  :  they  actually  correspond  to 
the  branches  and  partially  to  the  nodes  (the  exchanges  are  excluded). 


(22) 


-  107  - 

COM  rvTII-IIo.  1-E 


In  fact,  the  transmission  systems  are  defined  as  the  vnole  of  the  _  _ 

transmission  facilities  that  fulfil  bi-directional  paths  suitable  .or  transitions 
useful  telecommunication  signals  between  two  terminals. 

The  transmission  system  is  generally  subdivided  into  two  systems  : 

a)  multiplex  sub-svstem  -  that  fulfils  the  A/D  conversion  of  the  signal  and  the 
multiplexing  at  different  hierarchical  levels; 

M  Tine  sub-svstem  -  that  fulfils  the  bi-directional  transmission  over  physical 
lines  (cables,  guides,  fibres),  including  them  as  well  as  the  regenerators. 

Because  of  the  complexity  of  the  telecommunication  networks  and  the  variety 
of  the  transmission  systems,  some  peculiar  characteristics  of  them,  useful  for 
determining  a  reference  model,  should  be  chosen. 

3.  Availability  of  networks  and  systems 


Considering  the  telecommunication  network,  it  is  important  to  take  into 
account  the  opening  and  service  point  of  view,  therefore,  the  availability  concept 
seems  more  interesting  than  the  reliability  aspect  when  applying  to  the  networks. 

The  availability,  in  a  large  sense,  includes  the  aspects  of  the  reliability 
and  the  maintenance  concerning  the  maintainability  of  the  systems  as  well  as  the 
logistic  support  of  maintenance  (Figure  1). 


MTBF  -  MEAN  TIME  BETWEEN  FAILURES  (REPAIRED  SYSTEMS) 
f.*TTR  -  MEAN  TIME  TO  REPAIR 
ALT  -  AVERAGE  LOGISTIC  TIME 

Figure  1 
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So,  it  appears  as  a  combined  concept  where  the  system  and  the  service  aspects 
are  included.  But  no  availability  objective  has  been  recommended  by  CCITT  as  concerns 
the  network  :  only  recently  CCIH  has  fixed  an  objective  concerning  the  radio-relay 
systems.*^ 

This  objective  can  be  far  from  the  value  relating  to  the  networks,  because 
in  same  cases  very  high  availability  values,  valid  for  the  networks,  could  be  met  using 
re-routing  techniques  of  large  assemblies  of  circuits  instead  of  systems  having  high 
intrinsic  availability. 

Really,  a  complete  study  concerning  the  availability  of  the  networks  should 
also  include  the  traffic  aspects  and  should  take  into  account  the  dynamic  management 
criteria  (e.g.  re-routing  techniques). 

U.  Availability  of  paths 

The  complexity  and  the  modern  management  of  the  networks,  based  on  the 
dynamic  operating,  also  suggests  to  consider  the  availability  of  paths  instead  of  the 
availability  of  systems. 

So,  in  addition  to  the  maintenance  aspects  (in  a  large  sense)  covered  by  the 
availability  concept,  it  is  possible  to  take  into  account  the  structure  of  the  network, 
i.e.  the  network  redundancies,  the  distribution  of  circuits  between  different 
transmission  systems,  the  influence  of  sub-systems  outside  the  transmission  system  under 
consideration  but  indispensable  to  its  operation  (e.g.  no-break  power  facilities), 
and  the  manual  or  automatic  re-routing. 

In  fact,  it  should  be  noted  that  an  interruption,  due  to  failures  or 
maintenance  operations  concerning  an  individual  circuit  or  a  circuit  assembly,  may  not 
mean  a  consequent  interruption  of  traffic  if  suitable  re-routings  have  been  carried 
out  according  to  agreed  procedures  corresponding  to  network  planning  criteria. 

As  a  first  approach  to  the  study  of  Question  5/XVIII,  the  traffic  and  dynamic 
management  aspects  have  not  been  taken  into  account  and  a  simplified  model  could  be 
developed  on  the  basis  of  this  assumption. 

5.  Conclusions 


In  this  contribution,  attention  is  drawn  on  the  complexity  of  the  study 
relating  to  Question  5/XVIII.  As  a  first  approach,  the  strong  assumption  of  negliging 
the  traffic  concept  is  proposed  in  order  to  develop  a  reference  model  suitable  to 
define  and  evaluate  the  availability  of  paths,  taking  into  account  reliability  as  well 
as  the  maintenance  aspects. 


* )  Recommendation  Xc.  557  ( Volume  IX,  Kyoto,  1978). 
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quest:  c:; 


onaractensta.es 


:a _  sections 


(Continuation  of  part  of  Question  li/XVIII,  studied  in  1-77-1950) 

a)  What  essential  common  criteria  should  te  established  for  all  types  of 
digital  line  sections  and  digital  radio  sections  ? 

Note  1  :  Consideration  should  be  given  to  the  need  for  digital  line  sections  and  digital 
radio  sections  to  be  interchangeable  and  intercocnectable.  However  significant 
differences  may  exist  between  performance  characteristics  for  systems  using  different 
media. 

Note  2  :  Coordination  with  CCIR  Study  Groups  and  9  must  be  undertaken  to  establish  the 
conmon  criteria. 

b)  In  which  way  should  the  existing  Recommendations  of  the  G.9*y  series  be 
amended  and  completed,  insofar  as  they  relate  to  digital  sections  7 

c)  What  new  Recommendations  should  be  established  regarding  digital  sections 
(e.g.  using  non-hierarchical  bit  rates)  ? 

d)  What  are  the  principles  which  should  form  the  basis  for  the  detailed  study 
of  the  local  network  digital  line  transmission  systems  and  multiplexers  for  connecting 
digital  terminals  to  the  ISDN  ?  (To  include  combination  of  analogue  and  digital 
terminals  and  PABXs). 

For  each  individual  type  of  digital  line  section,  the  following  specific 
points  require  study  : 

-  bit  rate; 

-  special  properties  (such  as  bit  sequence  independence,  or  restrictions  of 
the  bit  sequence  that  may  be  transmitted) ; 

-  characteristics  of  interfaces  (normally  these  should  be  in  accordance  with 
Recommendation  G.703); 

-  error  performance  (expected  to  comply  with  Recommendation  G.821  which 
specifies  the  overall  network  performance); 

-  jitter  performance  (input  and  output  jitter  as  well  as  jitter  transfer 
function;  Recommendation  G.7r’3  should  be  observed); 

-  other  performance  parameters; 


-  availability; 

-  fault  conditions  and  consequent  actions. 
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Annex 

(to  Question  xi/XVTII) 

Criteria  for  the  fault  condition  "error  ratio  1,'0~3 
in  digital  line  sections  at  2046  kbit/s 

(Contribution  from  Federal  Republic  of  Germany) 

1  Introduction 

The  fault  condition  "Error  ratio  1.10-3"  in  digital  line 
•actions  at  2048  kbit/s  corresponds  to  tha  fault  condition 
■Bxcaaaiva  arror  rata"  in  2048  kbit/s  primary  multiplex 
equipment,  which  is  specified  in  detail  in  Rec.  C.  732. 

With  respect  to  the  important  consequent  actions  (prompt 
maintenance  alarm,  emission  of  AIS),it  ia  necessary  to  define 
.  a  similar  detailed  specification  for  tha  fault  condition 
■Error  ratio  1.10“ 3"  in  line  sections  at  2048  kbit/s. 

The  feult  condition  "Error  ratio  1.10“5"  is  less  important 

since  it  only  implies  a  deferred  maintenance  alarm.  Ita  datailad 
specification  can  therefore  be  left  to  the  national  Administra¬ 
tions. 

2  Modifications  with  respect  to  Rec.  G.732 
Error  detecting  nethcd_ 

In  primary  multiplex  equipment,  errors  ere  detected  in  the 
frame  alignment  signal;  in  digital  line  sections terrors  ere 
detected  by  code  rule  violetiona.  The  relation  between  vio¬ 
lation  rate  and  bit  error  rate  depends  on  tha  line  code, 
the  choice  of  cod#  rule  violations  to  be  detected  by  tlie  error 
detector,  and  on  tha  binary  signal  pattern. 

In  actual  operation, the  statistical  properties  of  the  binary 
signal  pattern  may  be'  described  by  two  limiting  cases.  If 
all  channels  are  busy, the  binary  signal  approaches  a  random 
pattern;  If  all  channels  arc  idle, the  binary  signal  approaches 
a  1010. .  .pattern;  if  only  part  of  the  channels  is  idle,  the 
statistical  properties  of  the  binary  signal  are  somewhere  be¬ 
tween  these  limiting  cases. 
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ic!'.  tr.e  specification  should  be  net. 
rar.dor,  pattern  according  tc  Recormendatiox. 

Measuring  time_for_activating  the  indication^of  fault  condition 

The  code  violation  frequency  is  in  any  case  by  at  least  one  order 
of  magnitude  higher  than  the  frequency  of  errors  in  the  fraae 
alignment  signal.  Therefore,  the  measuring  time  for  activating 
the  indication  of  fault  condition  can  be  reduced  to  a  few  tenths 
of  a  second  as  compared  to  the  “few  seconds"  in  G.732. 

Insensitivity  to  error  bursts 

The  error  rate  detector  In  a  line  section  should  have  the  same 
insensitivity  to  error  bursts  as  the  error  rate  detector  and  the 
loss  of  frame  alignment  detector  of  primary  multiplex  equipment. 

In  primary  multiplex  equipment,  an  error  burst  of  up  to  four  frame 
lengths  (  &  0,5  ms)  does  not  activate  any  indication  of  fault 
condition  since  only  two  errors  in  the  frame  alignment  signal 
are  detected. 

Criteria^for^deactivating  the  indication_of  fault  condition 

The  definition  of  the  criteria  for  deactivating  the  Indication 
of  fault  condition  must,  take  into  account  the  argument  concerning 
the  mutual  dependence  between  error  rate,  service  alarm  and  binary 
signal  pattern,  which  is  indicated  in  Doc.  XVIII-No . 217 , Appendix  4 
to  Annex  1.  When  the  fault  condition  "Error  ratio  1.10“3"  is  de¬ 
tected  in  m  digital  line  section,  the  digital  path  is  taken  out 
of  service  and  the  binary  digital  signal  pattern  is  changed  into 

the  idle  pattern  (..10101...)  of  the  multiplex  equipment.  As  a 
consequence  of  this  change  of  pattern  ,the  error  rate  may  decrease 

considerably  and  the  indication  of  fault  condition  "Error  ratio  i.io-3 
in  the  digital  line  section  nay  be  deactivated,  unless 

the  threshold  for  deactivation  is  sufficiently  low.  In  accor¬ 
dance  with  the  above-mentioned  document.it  is  proposed  to  deacti¬ 
vate  the  Indication  of  fault  condition  not  before  the  error 
rate  hes  fallen  belc w 


SU£££S1£2  It-  Select  &  i  *  “1  DJ«i  UGC— 


-  112  - 

COM  XYIII-No.  1-E 


3.  Proposed  formulation  of  G. 912. Section  I. A. 1.3 

1.4. 1.3  Error  ratio  1.10-3  detected  by  code  rule  violations. 

I. 4. 1.3.1  Criteria  for  activating  the  Indication  of  fault 
condition: 

-  Error  ratio  £  1.10-1* 

She  probability  of  activating  the  indication  of  fault 
condition  in  a  few  tenths  of  a  second  should  be  less  than 
1CT6. 

-  Error  ratio  2  1.10*3 

She  probability  of  activating  the  indication  of  fault 
condition  in  a  few  tenths  of  a  second  should  be  higher 
than  0.95.' 

The  indication  of  fault  condition  should  not  be  activated 
by  an  error  burst  £  0,5  os. 

I.4.I.3.2.  Criteria  for  deactivating  the  indication  of 
fault  condition: 

-3 

-  Error  ratio  >1.10 

The  probability  of  deactivating  the  indication  of  fault 
condition  in  a  few  seconds  should  be  alaoat  0. 

-  Error  ratio  >  1.10  ^ 

The  probability  of  deactivating  the  indication  of  fault 
condition  in  a  few  seconds  should  be-  less  than  0.05. 

-6 

-  Error  ratio  <  1.10 

The  probability  of  deactivating  the  indication  of  fault 
condition  in  a  few  seconds  should  be  higher  than  0.95. 

Note:  The  criteria  are  valid  for  a  pseudo-random  pattern 

according  to  Rec.  0.151. 
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•)  chat  aark  carried  out  la  the  daf inition  stage  of  the  aalataaaa 
phlloeoyhy  iariag  tha  Itwdy  farled  (l»77-l*#0)  haa  included  a 
Makar  of  the  Implementation  aapeeta  of  the  phllaeophy  (Bacaa 
datiem  670*){ 


k)  thae  a  vail  deflaad  aaltti 

lltactlat  of  future  melatc 


ea  p htloeophy  trill  determine  the 
ca  etudlse; 


c)  that  leconnandatlon  C70*  la  laceeplete  (e.g.  ao  digital  awltchlag 
aad  algaalllag  comeld  ereciome) ; 

4)  that  car  tala  eperatl— el  aspects  of  aatuork  aad  traffic  — rss 
Mat  may  Influence  maintenance  phllneoyhy; 

•)  tkat  hfl«aitati«a  of  cka  philosophy  la  coaplax  aad  requires 

aapatata  treatment: 


What  i3  the  overall  maintenance  philosophy  for  digital  networks  ? 

The  following  specific  points  require  study  : 

1.  What  additional  principles  are  needed  to  ensure  that  the  maintenance 
philosophy  encompasses  all  elements  of  the  network  ? 

2.  To  what  degree  is  network  surveillance  required  to  identify  status  and 
quality  of  connections  and  network  elements  ? 

3.  What  is  the  effect  of  differing  service  requirements  on  network  maintenance 
philosophy  ? 


Annex 

(to  Question  12 /mil) 


Test  sequence  to  measure  the  bit  error  rate  on  6k  kbit/s  cb»nn.»T « 


1.  Introduction 

The  transmission  of  digital  information  at  a  rate  of  6h  kbit/s  is  possible  via 
digital  PCH  transmission  systems  as  well  as  via  (analogue)  carrier  frequency  systems. 

Tbe  interface  for  the  digital  6k  kbit/s  signal  is  specified  in 
RecoNwndations  G-703  and  G-732-  In  figure  k/G.702  the  6k  kbit/a  digital  path  is 
illustrated.  The  hypotnetical  reference  circuit  is  described  in  Recoemendation  G.721. 

Tbe  modem  according  to  Reco»endation  V.  36  allows  the  transmission  of  a  6k  kbit/s 
signal  in  a  pi  ima ry  group  in  tbe  frequency  band  60  to  108  kSt  via  the  analogue  carrier 
frequency  transmission  system. 

For  bit  error  rate  measurements  on  tbe  abova  channels  and  their  combinations  the 
specification  of  a  standard  test  sequence  is  urgently  required. 


2. 


Proposal 


It  is  propose^ to  specify  •  pseudo-rand os  pattern  as  a  test  sequence  which  baa 
a  pattern  length  of  2-1  *  20h7  bits.  This  test  sequence  can  be  produced  by  aeaas  of 
an  11-stage  shift  register  with  feedback  fros  the  outputs  of  the  9th  and  11th  stage  of 
tbs  first  stage  via  an  exclusive  OH  gate. 

It  should  be  noted  that  this  test  sequence  contains  a  mi—  of  10  consecutive 
"0"  bits.  Therefore  is  the  ease  of  international  testing  where  the  aeasuresent  includes 
eystema  based  on  151***  kbit/s  it  is  necessary  to  modify  the  test  sequence  in  such  a  way 
to  avoid  acre  than  7  consecutive  "0"  bits.  The  specific  details  of  implementing  this 
approach  is  left  to  Study  Group  TV._ 

Two  essential  conditions  are  set  by  the  proposed  test  sequence  : 

a)  The  test  sequence  is  a  mai-imm  run  length  pseudo  random  sequence,  (which 
means  that  its  generating  polynomial  is  prise  and  priaitive),  and  if  the  number  of 
stages  of  the  shift  registers  in  the  scrambler  is  less  than  that  of  the  test  sequence 
generator,  then  the  scrambler  and  the  teat-sequence  generator  cannot  have  a  common 
factor.  In  such  case  there  will  be  no  restrictions  with  respect  to  possible  scraabler 
configuration . 

b)  The  period  of  the  test  pattern  does  net  exceed  the  tine  still  convenient  for 
practical  measurements.  On  the  other  hand,  the  test  sequence  is  sufficiently  long  to 
closely  simulate  the  random  signal  being  present  in  practice. 

In  addition  to  the  randen  pattern  capability  described  above,  this  test 
equipment  should  provide  for  fixed  patterns-  The  definition  of  these  patterns  is  under 
study. 

Since  the  proposed  test  sequence  can  also  be  used  at  bit  rates  of 
U8  kbit/s  to  72  kbit/s,  it  snould  be  considered  whether  in  view  of  the  advantages 
mentioned  above,  it  would  be  advisable  to  replace  the  test  sequence  described  in 
Reconmsendation  V.57  by  the  pattern  of  2^—1  bit  length.  In  any  case,  this  pattern 
should  be  mentioned  in  V.57  as  a  possible  alternative. 


It  should  be  noted  that  Study  Group  XVI 
pattern  of  2^-1  length. 


has  followed  the  proposed  test 


UZSTION  12/XVTTT 


Implementation  of  maintenance  philosophy 


(continution  of  part  of  Question  VXVIll,  studied  in  1977-1980) 


Considering 

that  parameters  indicating  network  performance  have  only  bean  defined 
in  a  preliminary  amanar,  acre  work  will  ha  required  to  their 

limits  for  aarwork  maintenance  purposes; 

that  maiataaaece  techniques  and  procedures  will  ha  required  for  all 
alamaata  of  the  digital  network; 


that  aatwotk  and  syst—  tasting  procedures  should  be  recommended  to 
mnahlm  the  provisioning  of  testing  end  diagnostic  capabilities  in 

eyerema  end  equipment; 


that  there  is  a  need  to  provide  coordinated,  •— enbig - 1  alarms  and 

indications  to  efficiently  isolate  failed  network  coaponents  end 
restore  service; 


•)  Chat  the  coucvpt  of  maintenance  entitle*  and  eub-eatities  saada  to  ba 
furtbar  defined; 

f)  chat  ic  is  neceaaary  to  enaurt  a  c canon  interpretation  of  tha  maintenance 
philosophy  by  all  Study  Croups  that  ara  concern ad  with  tha  evolution 
of  tha  network; 

g)  that  tbaxa  is  a  need  to  infora  other  Study  Groups  of  tha  maintenance 
1^>  lamentation  stratsgiss  that  have  been  applied  to  specific  equipment 

Kaco— aadstiocsj 

1.1  low  should  the  Maintenance  Philosophy  ba  implamanted  in  digital  networks 
sad  coordinated  with  the  work  of  other  Study  Croupe? 

The  following  specific  points  require  study: 

i)  What  era  tbs  Maintenance  parameters,  their  limits ,  maaauramant  eat hods 
sad  their  relationship  to  network  performance? 

11)  low  to  emeura  performance  compatibility  for  thresholds  sad  operata 

tlaas  amoag  service  alarms,  melntanance  alarms  sad  protection  switching? 


ill)  What  considerations  should  govern  the  location  and  design  of  measuring 
equipment  to  facilitate  overall  network  maintenance  and  operation? 


lv)  Whet  specific  network  surveillance  capability  afaould  be  made  available 
for  network  operation  end  management? 

v)  Whet  further  considerations  should  be  gives  to  tha  l^lamaneation  of 
tbs  principles  of  maintenance  entitles  aad/or  sub-entitlea? 

»ota_l:  teciw.n  let  Iona  for  measuring  equipments  not  included  in  the 
digital  equipment  will  be  made  by  Study  Croup  IV,  taking  into 
account  the  results  achieved  by  Study  Group  XVIII  under  this 
Question. 

Jote_2:  At  sow  future  date  much  of  the  detailed  work  under  this 

Question  should  be  undertaken  by  other  Study  Croups  (a.g.  IV, 

VII,  XI)  although  this  may  not  be  appropriate  at  the  present  time. 


QUnmTIO-i  lu/XVIII  -  Interworking  between  digital  systems  based  on 
ci  f s  wSr.dirds 

(Continuation  of  Question  lViCVIII,  studied  ir.  1977-1980) 

What  measures  are  required  and  what  reeo™endatiess  have  to  be  made  t 
enable  interworking  between  digital  systems  based  or,  different  standards  7 

The  following  specific  points  require  study  : 

Point  a)  -  Conversion  between  different  encoding  lavs  in  primary  PCM  multiple* 
equipment  (as  specified  ir.  Recommendation  0.711}  taking  into  account  the  possib 
of  oh  kbit/s  paths  fer  signals  other  than  telephony. 


Point  b)  -  Conversion  between  different  frame  structures  of  primary  PCM 
equipment  (as  specified  in  recommendations  0.732  and  0.7 j.3';  and  between 
order  multiplex  equipment  us  specified  ir.  - — er.dattans  C.~h^ 


•1  xt 
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Note  2  :  In  undertaking  this  study,  there  are  "any  detailed  questions  which  rust 
addressed  (see  Annex  l).  The  results  of  th  studies  unuc-riaKer.  in  t.ne  1*577-1  --cC 
study  period  should  be  considered  (see  Annexe-  2  and  35.  Close  cooperation  is 
required  with  CCIR  Study  Group  i*  (see  Annex  1)  and  witn  C-'ITT  S*udy  Groups  VII, 
XV  and  XVII  (see  Annexes  2  and  h>. 

Annex 

{to  Question  lk/XVTII) 

Detailed  Questions  for  further  study 


The  following  list  of  questions  includes  those  raised  in  the  1977-1980  Study 
Period,  since  all  items  were  continued  for  further  study.  New  items  have  also 
been  added;  as  identified  in  that  study  period. 

These  questions  are  based  on  the  satellite  communication  link  layout  on 
Figure  1,  as  well  as  on  the  definitions  of  Type  I  and  Type  II  Satellite 
Systems.  These  system  types  are: 

I.  A  system  wherein  a  151***  kbit/s  or  a  20^8  kbit/s  signal  is  in  essence 
carried  transparently  to  the  other  end  of  the  satellite  link  without 
processing  of  bits  internal  to  these  bit  streams.  This  type  of  system 
may  not  include  Time  Division  Multiple  Access  (TDMA)  function,  or  it 
may  include  a  TDMA  function  transmitting  CCITT  standard  (e.g.,  15^ 
or  20U8  kbit/s)  signals. 

II.  A  system  wherein  151*1*  kbit/s  and/or  20b8  kbit/s  signals  are  subjected 
to  processing  demultiplexing  the  primary  multiplex  signals.  The 
multiplex  conversion  function  is  expected  to  be  performed  at  one 
or  both  Direct  Digital  Interface  Equipments  (DDIEs). 

Some  of  the  questions  require  input  from  other  CCITT  study  groups  and  from  CCIR 
Initial  queries  to  these  groups  were  made  in  1979  (CCITT)  and  I960  (CCIR). 

A.  Questions  relating  to  Type  I  Systems 

i)  Where  should  the  MSC  be  located,  and  why? 

a)  A-law  country-  p-law  country,  or  either? 

b)  International  exchange  or  earth  station  site? 
ii)  What  is  an  appropriate  MSC  capacity? 

a)  Is  a  2^-channel  to  30-channel  MSC  (i.e.,  a  single  system  of  each 
Standard)  needed?  If  so,  should  the  remaining  six  channels  in  the 
30-channel  system  be  unused? 

b)  What  combinations  of  primary  multiplex  levels  should  be  provided 
(e.g.,  120  channels  representing  four  30-channel  systems  and  five 
2l*-channel  systems)? 
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a)  In  the  MSC  or  externally  ? 

b)  At  the  international  exchange  or  earth  station  site? 

iv)  What  synchronisation  requirements  are  to  be  considered  when  using 
the  MSC? 

v)  Should  it  be  possible  to  include  a  digital  speech  interpolation  (DS1) 
function  in  Type  I  systems?  If  so,  where  should  this  function  be 
added?  What  answers  (if  any)  change  as  a  result  of  adding  this 
function? 

B.  Questions  relating  to  Type  II  Systems.  (Answers  may  vary  depending  upon 

particular  Time  Division  Multiple  Access  (TDMA)  plans.) 

i)  Are  there  any  special  multiplex  conversion  problems  when  using  Type  II 
Systems?  If  so,  what  are  these?  Are  Recommendations  required? 

ii)  Should  A-law  to/from  u-law  conversion  be  done  in  the  earth  station 
equipment  or  in  the  international  exchange  in  the  p-law  country? 

iii)  Do  any  special  synchronization  problems  arise  in  the  CCITT  recommended 
systems?  If  so,  what  are  these  problems,  and  how  might  they  be  solved? 

• 

iv)  Should  it  be  possible  to  include  a  digital  speech  interpolation  (DSI) 
function  in  Type  II  systems?  If  bo;  where  should  this  function  be 
added?  What  answers  (if  any)  change  as  a  result  of  adding  this 
function? 


General  questions 

i)  What  signalling  means  will  be  utilized  to  determine  that  particular 
channels  are  carrying  voice,  voiceband  data,  or  digitally  generated 
data  service?  (Note:  this  information  is  needed  wherever  the  A-lau 
to/from  U-law  conversion  is  to  take  place,  as  well  as  whenever  other 
special  actions  must  be  taken  -  see  the  next  three  questions.) 

Should  these  signalling  systems  be  either  common  channel  or  channel- 
associated,  or  a  combination?  If  channel  associated,  should  analogue 
(e.g.,  FCM-encoded  sinusoidal  signals)  means  be  included? 

ii)  What  other  processing  may  be  needed  for  channels  carrying  voice  services 
in  these  systems  (e.g.,  echo  suppression  or  cancellation)? 

iii)  What  special  measures  may  be  needed  for  channels  carrying  voiceband 
data  services? 

iv)  What  transformations  may  be  needed  for  channels  carrying  digitally 
generated  data  services? 
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v)  What  transformations  may  be  needed  for  channels  carrying  CCITT- 
recoBvended  signalling  systems  signals? 

vl)  Will  other  methods  of  encoding  than  standard  A-law  or  p-law  PCM  be 
utilized  for  voiceband  services  on  satellite  links?  If  so,  what 
impact  will  these  have  on  the  system  and  on  the  answers  to  other 
questions? 

*.*11)  What  alarms  and  related  system  information  should  be  transferred  across 
the  interface?  What  algorithm  should  be  used?  What  action  should  be 
taken  at  the  earth  station  and/or  at  the  international  exchange  with 
alarms  generated  at  the  opposite  end  of  the  link?  (Note^  20t8  kbit/s 
systems  can  transmit  alarms  in  time-slots  0  and  16.) 

viii)  What  special  maintenance  approaches  are  appropriate  for  the  systems 
postulated?  Should  the  satellite  and  the  two  terrestrial  links  be 
considered  separately  for  maintenance  purposes? 

ix)  Should  n*6l*  kbit/s  services  be  carried?  If  so,  what  special  problems 
arise  and  hov  may  they  be  solved? 

x)  Are  there  known  interworking  incompatibilities  between  any  user 
services  (e.g. «  direct  digital  data)  specified  or  contemplated  for 
the  two  hierarchies?  If  so,  what  are  these  and  how  might  the  in¬ 
compatibilities  be  resolved? 

xi)  Should  31-channel  versions  of  the  20i»8  kbit/s  system  (i.e.,  systems 
using  time  slot  16  for  service)  be  considered?  If  so,  what  changes 
may  be  needed  in  the  answers  to  the  previous  questions? 

xii)  In  some  situations,  a  country  using  one  primary  multiplex  standard  may 
receive  via  satellite  signals  encoded  in  a  format  nonstandard  in  that 
country,  transport  these  signals  (perhaps  at  considerable  distance,  and 
perhaps  through  international  exchanges)  to  s  second  earth  station,  and 
retransmit  these  elgnals  to  a  third  country  using  the  original  format. 

In  these  situations,  should  recoding  be  allowed?  If  net,  what  arrange¬ 
ments  should  be  considered  for  providing  this  service?  What,  if  any, 
is  the  impact  on  the  answers  to  other  questions? 

xill)  With  soaw  choices  of  answers  to  the  previous  questions,  a  terrestrial 

link  (Figure  l)  may  either  require  a  20U8  kbit/s  system  in  a  15^  kbit/s 
country  (or  vice  versa),  or  require  a  nonstandard  system  (such  as  A-lav 
encoding  -  with  zero  suppression  difficulties  -  on  15^  kbit/s  facilities). 
Should  such  facilities  be  allowed?  If  so,  how  should  they  be  specified? 

Should  they  be  standardized  fpr  terrestrial  link  use? 

Note  :  Answering  some  of  these  Questions  requires  interaction  with  CCIR.  To  further 
this  process,  a  communication  vas  sent  from  CCITT  Study  Group  XVIII  to  CCIR  Study  Group  U 
at  the  end  of  the  1977-1980  study  period.  The  text  of  this  communication  is  appended 
to  this  Annex. 
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t to  Annex 


Cogiciunication  from  CCITT  Study  Group  avIIi  to  -  -  -  -  3tuny_ 


Whereas  CCIR,  at  its  XIVth  Plenary  Assembly  in  Kyoto  1978,  adopted  Opinion  57 
and  Report  707,  with  portions  of  these  documents  related  to  i Later nat ional  safeHite 
links  involving  the  inter*.  *rking  of  countries  using  the  15W  and  20U8  kbit/s 
hierarchies,  CCITT  Study  Group  XVIII  asks  CCIR  Study  Group  u  : 

1  To  inform  CCITT  Study  Group  XVIII  whether  DDIE  equipment  (specified  by 
CCIR;  see  e.g.  Opinion  57)  will  always  include  the  function  of  reassessing  the 
primary  multiplex  signal  used  in  the  receiving  country  (as  lulled  by  Sections  3'1 
Ld  3.2  of- Report  707).  or  whether  there  are  also  contemplated  sy8tc“ 

15 hU  kbit/s  or  a  201*8  kbit/s  signal  is  in  essence  earned  transparently  through  the 
satellite  link  without  processing  of  bits  internal  to  the  primary  multiplex  bit 
stre«,  with  multiplex  system  conversion  to  be  performed  by  equipment  specified  y 

CCITT. 

2  To  inform  CCITT  Study  Group  XVIII  whether  digital  speech  interpolation  (DSI ) 

functions  are  likely  to  be  incorporated  and,  if  ao,  whether  the  DSI  function  will  be 
incorporated  in  the  direct  digital  interface  equipment  (DDIE),  m  equipment  which  will 
be  located  on  the  side  of  interface  "A”  (see  CCIR  Opinion  56)  containing  equipment 
specified  by  CCITT,  or  on  either  aide  of  interface  "A  depending  upon  the  application. 

3.  To  consider  the  implications  of  the  answers  to  p.-ints  1  and  2  regard  to 

the  ultimte  need  to  specify  similar  functions  on  both  sides  of  interface  A  for 
different^applications^and,  if  such  a  need  ia  perceived,  to  suggest  mechanisms  whereby 
the  recommendations  developed  by  CCIR  and  by  CCITT  may  be  kept  consistent. 

U  To  inform  CCITT  Study  Group  XVIII  if  any  systems  are  postulated  in  which 

CCIR  specified  equipment  will  modify  the  code  of  PCM-encoded  voice  signals  and.  if  so, 
ofthe  nature  of  the  new  code  and  of  any  impairments  expected  to  voice  and  voiceband 

data  signals. 

5  To  inform  CCITT  Study  Group  XVIII  if  there  is  any  contemplated  difficulty  in 

meeting  the  slip  performance  for  plesiochronoua  interworking  as ‘  fTS^reouireBents  of 
Recommendation  G.822.  It  is  expected  that,  in  oraer  to  Bee.  t.,e  requirement  oi 
Recaaoendation  G.822,  high-accuracy  clocks  in  accordance  with  Recosiaendation  G.811  wi-1 
be  required. 


Study  during  1977-1980  of  interworking  between  two  countries  using  different 
primary  multiplex  standards  concentrated  on  satellite  applications.  Most 
contributions  responded  to  some  portion  of  the  detailed  questions  raised 
by  the  Rapporteur.  In  the  discussion  below,  reference  is 
made  to  the  corresponding  questions  carried  over;  see  Annex. 

Responses  to  the  basic  questions  regarding  location  of  the  A/y  law  converters 
and  of  the  multiplex  system  converters  are  summarized  in  Table  1.  With  re¬ 
gard  to  the  remaining  questions,  the  following  comments  may  be  made: 

Question  A  ii):  Several  contributions  mentioned  Multiplex  System 

Converter  (MSC)  capacity.  The  proposals 
ranged  from  inefficient  2b-30  channel  system  interfaces  (at 
least  for  early  satellite  systems  or  those  with  small  cross- 
sections)  to  120-channel  (5  *  21*  and  b  *  30)  interfaces,  to 
the  possibility  of  future  higher  cross-section  interfaces. 

Question  A  iv):  The  contributions  suggested  no  special  synchronization  re¬ 

quirements  when  the  countries  connected  utilize  synchronous 
national  networks;  interworking  is  then  plesiochronous.  In 
the  ease  wherein  slip  type  DDIEs  are  employed  in  a  satel¬ 
lite  system  which  is  timed  to  clocks  of  low  accuracy,  high 
slip  rates  will  probably  result.  A  CCIR  report  described 
general  requirements  on  buffers  associated  vith  system  in¬ 
terfaces.  Both  CCIR  and  KDD  mentioned  the  functions  of 
Justification  and  slip-type  DDIEs. 

Discussion  on  this  point  emphasized  the 
preference  of  CCITT  Study  Group  XVIII  that 
interworking  between  digital  terrestrial  and  satellite  links 
be  plesiochronous,  using  high  accuracy  clocks  to  provide 
satellite  TDMA  timing.  Some  Administrations  noted  that 
satellite  earth  station  equipments  may  have  difficulty  gain¬ 
ing  access  to  highly  accurate  national  clocks  and  may  not 
be  able  to  afford  their  ovn  highly  accurate  clocks. 

Question  B  i):  No  particular  problems  with  implementing  Type  11  systems 

were  identified. 

Question  B  iti)  :  Synchronization  comments  are  similar  to  those  in  Question  A  iv). 

Question  C  i)  :  The  only  substantive  input  regarding  signalling  was  received  from. 

Study  Group  XI,  which  indicated  that,  in  accordance  with 
Recommendations  Q.7  and  Q.11Q,  CCITT  Signalling  Systems  Nos.  5,  6 
and  7  and  R1  and  R2  can  be  operated  with  circuits  including 
satellite  links.  Of  these,  only  signalling  systems  Nos.  6  and  7  can 
offer  the  required  additional  signalling  capacity  for  meeting  the 
requirements  imposed  by  alternate  voice  and  data  applications; 
however,  these  additional  functions  do  not  yet  appear  in  the  existing 
Recommendations,  Study  Group  XI  has  proposed  two  Questions 
(Q.2/XI  and  Q.3/XI)  for  addressing  these  issues  for  signalling 
system  No.  7  (which  according  to  Recommendation  Q.7  is  the  preferred 
system  for  interexchange  signalling  in  the  IDN  and  ISDN)  in  the 
l?8i-198b  study  period. 


(22) 


-  122  - 

COM  XVIII-'io.  1-E 

Study  Group  XVII  also  noted  the  importance  of  providing  a  means  of 
differentiating  between  the  various  types  of  ISDN  services  to  control  telephone 
ancilliary  equipment  when  interworking  between  ISDNs  based  on  different  PCM/TDM 
standards . 

Question  C  ii):  Other  types  of  processing  that  may  be  needed  for  channels 

carrying  voice  systems  have  been  identified,  including: 

-  echo  suppression  or  cancellation 

-  digital  speech  interpolation 

-  inversion  of  bits  3.  5.  7  (J  transformation  of  Figure  1, 
Annex  3);  substitution  of  00000001  for  00000000  ( Z  operation 
of  Figure  1,  Annex  3) 

Questions  C  ill)  Other  types  of  processing  that  aay  be  needed  for  channels 

and  C  iv);  carrying  nonvoice  systems  have  been  identified.  Including: 

-  substitution  of  00000001  for  00000000  (Z  operation) 

-  Inversion  of  bits  3,  5,  7  (J  transformation ) 

-  inversion  of  all  bits  (I  transformation  of  Figure  1, 

Annex  3)  and/or  inversion  of  bits  3,  5.  7  (J  trans¬ 
formation)  for  CC1TT  Signalling  System  Mo.  7 

-  possible  digital  processing  (SC  VZI  comment) 

Voiceband  data  and  direct  digital  data  both  may  need 
processing  different  from  voice  and  different  from  each  oth 
Refer  to  Annex  4,  which  identifies  Study  Group  VII  concerns 
and  specific  questions  in  this  area. 

In  addition,  it  was  noted  that  digital  speech  interpolation  equipment, 
if  used,  may  alter  the  answers  to  some  of  the  questions. 

It  is  clear  that  close  cooperation  is  needed  between  Study  Croups  VII, 
XI,  XVII  and  XVIII  to  allow  progress  in  the  study  of  the  interworking  question. 
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TABLE  1 


Summary  of  inputs 


Rote  3 
X 


Tele globe 


Location  of  A/y  converter 

A.  Country 

-  y-lsv  (per  G.711) 

B.  Site 

-  earth  station  X 

-  transit  centre 

-  either 

Location  of  JCC 
A-  Country 

-  A-law 

-  y-lav  X 

-  either  or  both 

B.  Site 

-  earth  station  X 

-  transit  centre 

-  either 

C.  Punctional integration 

-  into  equipment  covered 
by  CCITT 

Recommendations 

-  into  equipment  covered 
by  CCIR 

Recommendations 

-  into  equipment  covered 
by  either  CCITT  or 
CCIR  Recommendations 


Rote  1  :  The  MSC  should  be  located  in  the  u-lsv  country  if  the  satellite  system 
transmits  a  fully  standard  A-law.  20L3  kbit/s  signal  as  specified  m 
RecosBiendations  G.711  sad  G.732, 


X 

Rote  !* 


Rote  2  :  The  MSC  function  could  be  located  in  either  or  both  countries  if  the  satellite 
sy'stiS  transmits  a  signal  net  meeting  the  constraints  of  Rote  1. 

Rote  3  :  The  A/U  converter  could  be  located  in  the  earth  station  if  DSI  equipment  is 
also  located  at  the  earth  station. 
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Anii-x  i 

(to  Question  IWXYIII } 

Interworking  between  two  standard.;  ccns  idert  mt  voice  and  data 


1.  Introduction 


This  Annex  is  an  example  of  ea  approach  meeting  sene  of  the  interworking 
problems.  As  such,  it  is  considered  worthy  of  further  study,  along  with  other  possit 
solutions  which  nay  be  proposed.  In  particular,  it  is  important  to  note  that 
Study  Group  XI  has  requested  that  Study  Group  XVIII  search  '.r  a  solution  to  the 
interworking  problem  which  accomplishes  all  necessary  transformations  at  one  location. 

a  -  * 

In  the  remainder  of  this  annex,  one  possible  interworking  configuration 
between  an  A-law  country  and  a  u-law  country  is  investigated.  A  new  method  with  a 
single  code  conversion  is  introduced  to  solve  the  besic  problem  of  applying  the 
A/u  conversion  to  voice  signals  but  not  to  digital  data  signals,  while  suppressing  the 
consecutive  all-zero  pattern  on  15«1*  kbit/s  transmission  links. 

2.  Requirements 

The  following  items  need  to  be  considered  : 

1  For  digital  data  signals,  the  A/u  and  u/A  conversions  must  be  removed,  because 
the  conversions  are  not  uniquely  reversible. 

2.  The  all-zero  word  (8  bits)  may  be  inhibited  on  15**1*  kbit/s  transmission  links. 

3.  The  A/u  converter  may  be  located  in  the  U-law  country  and  its  preferable 
location  is  the  gateway  switch  (except  in  the  case  that  the  DSI,  which  needs 
voice  channel  identificaticn ,  would  be  located  at  the  earth  station). 

1*.  The  MSC  (Multiplex  System  Converter),  which  nay  be  located  at  the  earth 

station  of  either  the  A-law  or  U-law  country,  should  preferably  perforr  tr.e 
same  conversion  without  distinguishing  between  voice  and  data. 

3.  The  deficiency  caused  by  the  interworking  shall  be  minimized,  although  it  can 
not  be  avoided  perfectly  because  of  the  all-zero  restriction. 

3.  A/u  converter 


Before  detailed  discussions  the  bit  inversion  process  related  to  the 
A/U  conversion  should  be  clarified. 

It  is  understood  that  the  so-called  even  bit  inversion  operation  is  for  pui  y 
descriptive  purposes  in  the  OCITT  Recommendations.  It  is  only  a  logical  process  witl 
the  A-law  codec.  (See  Rote  2  of  Tables  la  and  lb  in  Recommendation  G.711,  and  Note  ; 
of  Section  1.1  in  Reef  end  ati  on  G.732.)  Therefore,  it  is  taken  for  granted  in  th 
following  considerations  that  this  even  bit  inversion  is  included  in  the  A/u 
converter  as  an  internal  logic. 
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«.  Interworking 

Feature  :  Introduction  of  the  Z  operation  (by  which  the  code  "OOOCCQOC"  is 
replaced  by  "00000001"  but  others  are  not  changed)  to  avoid  the  transmission  of 
all-xero  word  on  15**1»  kbit/s  transmission  links  and  the  J  operation  (by  which  3rd,  5th 
and  7th  bits  of  each  word  are  inverted)  to  minimize  decoder  distortion.*) 

foments  : 

i)  {J  to  A  direction 

There  is  no  problem  if  the  all-xero  word  is  inhibited  on  15^  kbit/s 

transmission  links  in  the  p-law  country. 

ii)  A  to  u  direction 

Ckie  A- law  character  signal  and  one  digital  data  signal  are  subjected  to  the 

following  distortion  : 

-  The  A~law  character  signal  "00101010"  (decoder  output  value  number  in 
A' law  a>  -128)  is  converted  into  the  code  "00000001"  by  the  J  operation 
end  the  Z  operation  at  the  MSC,  and  then  into  the  ti-law  character  signal 
"00000001"  (decoder  output  value  number  in  p-law  »  -126)  by  the 

J  operation  and  the  A  *•  u  conversion  at  the  gateway  switch  in  the  p-lav 
country  (see  Table  1}. 

-  The  data  signal  "OOCOOOOO"  in  the  A-law  country  is  converted  into 
"00000001“  in  the  ti-law  country. 

-  However,  this  distortion  does  not  Nike  the  matter  worse  since  the  p-lav 
character  signal  "00000000"  (decoder  output  value  number  in  p-law  *  -127) 
which  corresponds  to  the  A-law  character  signal  "00101010"  (decoder 
output  value  ntm&er  in  A-law  *  -128} ,  and  the  digital  data  signal 
”00000000"  would  he  inhibited  on  15W*  kbit/s  transmission  links  in  the 
p-law  country  in  any  case. 


Is  Figure  1,  the  other  equipment  related  to  interworking  is  also  described. 
For  instance,  echo  suppressors  should  be  removed  for  voiceband  data  signals  and 
digital  data  signals . 


*)  The  desirability 


of  incorporating  the  J-code  operation  should  be  studied  furthe 
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p-law  code 

(-127)  00000000 
(-126)  00000001 


P.c-iat icr.  Letween  ti.g  o-  ogg 


A- lav  code 


(-128)  0010101C 
(-127)  00101011 


Code  converted 
vith  J  operation 

00000000 
•  00000001 


(  -85)  00101010 
(  -81*)  00101011 


(  -86  )  00000000 
(  -85)  00000001 


00101010 

00101011 


(  -3)  01111100 

(  -2)  01111101 

(  -1)  01111110 

(  -0)  01111111 


(  -2)  OIOIOIOC 


(  -1)  01010101 


0111111'' 


01111111 


(  )  ;  Decoder  output  value  number  of  each  encoding  law  (see  CCITT  Recoamendation  0.711). 
5-  Data  link  for  CCITT  Signalling  System  So.  7 


Since  the  transmission  process  of  CCITT  Signalling  System  Ho.  7  can  avcid 
long  zero  strings  with  inversion  of  all  bits,  it  was  agreed  in  Working  Party  2  of 
CCITT  Study  Group  XI  that  for  a  61*  kbit/s  signalling  link  in  the  li-iaw  country  the 
inversion  should  be  applied;  however,  in  the  A- lav  country  it  should  not  be  applied^ 
The  process  for  interworking  between  the  two  countries  was  not  clearly  defined  /  1_/ 

KDD  proposes  that  the  inversion  should  be  applied  in  case  of  interworking 
between  countries  using  different  standards,  and  that  the  inverters  should  be  placed 
at  the  gateway  switches  of  both  countries.  If  so  arranged,  the  ICC  need  not  recognize 
the  signalling  channel  and  this  channel  can  be  handled  as  an  ordinary  data  channel. 

Also  the  all-zero  word  problem  on  15**1»  kbit/s  transmissi-vi  links  between  the  gateway 
switch  in  the  U-law  country  and  the  ICC  is  solved. 

The  configuration  is  also  shown  cr.  Figure  1;  particularly  ocserve  r.o-e  is). 

6.  Conclusion 


The  interworking  configuration  described  in  Figure  1  is  proposed  to  meet  the 
interworking  requirements .  A  method  of  interconnecting  signalling  links  for  CCITT 
Signalling  System  So.  7  is  also  proposed.  In  this  proposal,  the  ICC  need  not  identify 
whether  voice  or  data  is  carried. 

Tha  insertion  or  removal  of  bit  operations  is  required  at  the  gateway 
switches  of  both  sides  according  to  the  services.  However ,  this  kind  of  control  is 
necessary  anyhow,  a.g.  for  echo  suppressors. 

The  proposal,  therefore,  is  considered  to  be  worthy  of  further  study  ss  a 
possible  solution  to  the  problems  of  interworking  between  two  standards. 
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1.  CCITT  COM  XVIII 

Study  Period  1977-1980 


Multiplex  Syttem  Cenvirtcr 


Figure  1  -  Intervorking  configuration 


studied 


( continuation  of  Question  6  'XVIII, 
Considering 


in  1977-1980) 


(a)  That  interface  apacif icationa  are  necessary  to  interconnect 
digital  network  coaponanta  (line  sections,  multiplex 
equipment)  to  fora  an  international  digital  path. 

(b)  That  International  digital  patha  can  be  interconnected  through 
digital  twitching  equipment  and  terminated  in  digital  terminal 
equipment  to  fora  an  international  digital  connection. 

(e)  That  an  international  digital  path  and  an  international  digital 
connactlon  provide  for  the  trenealaelcn  of  a  digital  signal 
(bite)  at  a  specified  hierarchical  bit  rata.  Independent  of  the 
service  carried  bj r  the  digital  aignal. 

(d)  That  to  ensure  the  interconnection  of  network  components  for 
the  transmission  of  digital  signals  (bits)  it  la  sufficient  to 
specify  physical,  functional  and  electrical  characteristics  of 
the  Interface. 

(a)  That  aspects  of  digital  Interfaces  relating  to  the  content 

(e.g.,  signalling  protocols)  of  the  digital  aignal - tranamltted 
ever  the  interface  are  dealt  with  in  other  Questions  of  SCXVXII 
or  by  those  study  groups  concerned  with  the  service  carried  by 
the  digital  signal. 

(f)  That  Recommendation  C.703  specifies  digital  interfaces  for 
interconnection  of  digital  network  components  at  hierarchical 
bit  rate*  only. 

(g)  That  interfaces  at  hierarchical  bit  rates  lor  purposes  other 
chsn  directly  providing  transmission  interconnection  on  an 
international  digital  connection  (e.g. ,  timing  control 
distribution)  nay  require  specification. 

?h)  That  Kecommpedatioa  C.703  la  referred  to  in  other  Recommend¬ 
ations  oe  lias  sections  sad  00  terminal,  multiplex  aad 
switching  equipment. 

(I)  That  interfaces  as  non-hierarchical  bit  rates  shall  be 
specified  la  the  relevant  equipment  reef  sftdstiome. 

(J)  That  the  evolution  of  digital  technology  may  require  the 
specification  of  hierarchical  levels  at  bit  rates  other  than  these 
specified  at  present  in  ticoansndatlon  C.703. 

(k)  That  for  aosm  interfaces  of  leceanaadatioa  C.703  the  values  for 
jitter  require  further  study  and  for  other  interfaces  the  need 
for  jitter  specification  and  if  appropriate  the  values  for 
jitter  have  to  be  established. 
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1.  Should  interfaces  other  than  those  specified  in  Recommendation  G.703  be 
recommended  7 

2,  What  characteristic*  should  be  recommended  for  these 
interfaces,  including: 

-  Electrical  characteristics 

-  Functional  characteristics 

-  Physical  characteristics 

-  Any  restrictions  on  the  digital  signals  crossing  tua 
lnte-fc.-.e. 

3-  For  Interfaces  presently  quoted  in  EUcowteodation  G.703: 

-  Is  there  a  need  for  additional  specifications  for  jitter  and  wander  7 

-  If  so,  what  values  should  be  specified  7 

1*.  What  is  the  impact  that  new  transmission  media  (e.g.  optical  fibres)  will 
have  on  interfaces  7 

QUESTION  16/XVIII  -  Performance  characteristics  of  PCM  channels  at 
audio  frequencies 

(Continuation  of  part  of  Question  8/XVIII,  studied  in  1977-1980) 

Considering 

-  that  some  specification  items  in  the  Recommendations  G.711  and  G.712  need 
to  be  completed; 

-  that  within  a  widespread  digital  network,  it  is  envisaged  that  a  telephony 
connection  will  ultimately  require  only  a  single  encoding/decoding  process  for  each 
direction  of  transmission; 

-  that  independent  encoder  and  decoder  will  be  incorporated  in  each  telephony 
connection  and  thus,  separate  transmit  and  receive  side  specifications  at  audio 
frequencies  are  needed; 

-  that  for  application  in  local  area  or  with  digital  exchanges,  provision 
for  2-vire  analogue  interface  3hould  also  be  considered; 

a)  What  modifications  to  existing  Recommendations  G.711  and  G.712  should  be 
made  7  For  example,  the  value  for  longitudinal  balance  should  be  studied  and 
specified.  Also  the  necessity  fer  the  digital  sequence  for  reference  frequency  and 
the  necessity  for  high  pass  filtering  in  analogue  to  digital  converters  should  be 
studied. 

b)  What  are  the  values  and  limits  to  be  specified  for  the  audio  frequency 
performance  characteristics  of  PCM  channels  measured  at  the  2-yire  point  7 


c)  What  are  the  values  and  limits  to  be  specified  for  the  performance 

characteristics  of  PCM  channels  at  audio  frequencies  when  the  transmit  side  and  receive 
side  are  measured  separately  7 

Mote  1  :  The  measuring  method  for  longitudinal  balance  is  under  study  in  Study  Group  V> 
Study  Group  XVI  is  also  studying  this  matter. 

Mote  2  :  With  respect  to  the  digital  sequence  for  reference  frequency, 

Recommendation  G.101  should  also  be  considered. 
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Annex  1 

(to  Question  lo/XVIII ) 


The  item  contained  in  paragraph  U.3  of  Recommendation  G.T12  (longitudinal 
balance)  was  discussed  taking  note  of  COM  XVIII-No.  77  (FRG)  and  COM  XVIII-No.  271 
( Canada- ENR) .  These  two  Contributions  are  appended  to  this  Annex. 

Study  Group  XVIII  identified  the  urgent  need  to  determine  the  values  for 
longitudinal  balance  as  well  as  the  corresponding  measuring  method.  Although 
Study  Group  IV  is  aware  that  a  figure  for  longitudinal  balance  can  only  be  given  if 
the  corresponding  measuring  method  is  clearly  defined,  a  specification  for  the 
measuring  method  does  not  exist  as  yet.  For  this  reason,  it  is  proposed  that 
Study  Group  IV  should  pick  up  this  matter  during  the  next  study  period  and  prepare  a 
Recommendation  concerning  the  measuring  method  of  longitudinal  balance  on  equipment 
inputs  and  outputs. 

In  view  of  this  situation,  it  seems  not  to  be  advisable  to  complete 
paragraph  U.3  of  Recommendation  G.712  still  during  the  current  study  period. 


pendix  1 


(to  Annex  1  to  Question  16/XVIII ) 


Amendment  of  Recommendation  G.712  :  Specification  of  impedance  unbalance 
(Contribution  from  the  Federal  Republic  of  Germany) 


Background 


Item  4.3  in  Recommendation  G.712  is  designated  since  1972  as  being  "under 
study".  However,  no  contribution  has  since  been  presented.  Nevertheless  it  is 
desirable  to  complete  G.712  in  this  respect. 


"U.3  Impedance  balance  ratio 

The  impedance  balance  ratio,  measured  by  means  of  the  circuit  defined  in 
Recommendation  0.121,  Fig.  1,  should  not  be  less  than  U6  dB  in  the  range  300  to 
3U00  Hz." 


The  term  "longitudinal  balance",  so  far  employed  in  Recommendation  G.712,  is 
rarely  used  in  CCITT  publications.  Instead,  "impedance  balance  ratio"  is  used  in 
Recommendation  0.121.  Other  terms  are  employed  elsewhere.  An  ad  hoc  Working  Party 
of  Study  Group  V  and  Study  Group  XVI  (London,  December  1975)  has  proposed  a  set  of 
new  terms  in  respect  of  unbalance  (cf.  Doc.  COM  XVI-No.  7)  the  discussion  of  which  in 
Study  Groups  V  and  XVI  is  not  concluded. 
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3.2  Practical  usefulness 


The  method  prescribed  in  Recommendation  0.121  is  well  established  and  is 
used  in  existing  commercial  measuring  equipment.  The  IEC  recommends  the  same  method 
for  impedance  unbalance  measurements  in  the  field  of  electro-acoustics 
(IEC  Publ .  268-3). 

3.3  Numerical  value 


With  respect  to  possible  cross  Ik  due  to  impedance  unbalance,  the  values 
of  unb^-j-ance  of  connecting  cables  in  a  stacion  are  of  more  importance  than  those  of 
t-he  audio-frequency  terminals  of  a  PCM  multiplex  equipment.  Accordingly,  for  the 
latter,  a  value  of  46  dB,  as  stated  in  Recommendations  K.10  and  Q.^5,  will  be 
sufficient.  It  does  not  seem  necessary  to  relax  the  requirement  in  the  range  300  to60C 
Hz  as  in  Recommendations  K.10  and  Q.l»5  since  G.712  relates  to  four-wire  ports  where 
problems  with  feed  coils  do  not  arise. 


Appendix  2 

(to  Annex  1  to  Question  16/XVTII ) 


Proposal  for  longitudinal  balance  specifications  for  inclusion  in  Recommendation  0.712 
(Contribution  from  Canada  :  Bell  Northern  Research) 


Abstract 


This  contribution  propose*  a  tat  of  values  and  the  associated  test  m  od 
for  longitudinal  balance  for  lnclualon  la  Becosasendatlon  G.712. 


Int  r  oductlon 


In  the  preliminary  reply  to  Question  9/XVIII  (COM  XVIH-No.234,  Period 
1977-1980)  Working  Party  XVIII/2  atreaaed  the  need  to  complete  Recommendation  G.712 
during  the  current  study  period.  One  of  the  items  presently  under  study  in 
Recommendation  G.712  la  longitudinal  balance. 

Measurements  of  longitudinal  balance.  In  particular,  depend  on  the  test 
method  used.  This  contribution  therefore  proposes  a  set  of  values  and  the  associated 
test  method  for  longitudinal  balance  for  lnclualon  in  Recommendation  G.712. 

2.  Teat  Method 


In  the  past,  several  teat  methods  for  longitudinal  balance  measurements 
have  been  used  In  Canada  and  -ilsswhere  in  North  America. 

In  an  attempt  to  re^ch  agreement  on  a  single  method  of  testing  longitudinal 
balance  "IEEE  STANDARD  455-1976"  was  developed.  This  standard  describes  the  test 
procedure  for  measuring  longitudinal  balance  of  telephone  equipment  operating  In  the 
voice  band  and  is  gaining  wide  acceptance  In  Canada.  Comparative  tests  of 
longitudinal  balance  on  various  devices  with  four  test  sets  constructed  Independently 
according  to  the  IEEE  Standard  demonstrated  the  reproducibility  nf  measurement *>  *r.d 
were  submitted  to  CCITT  (COM  XVI-No.73,  Bell-Northern  Research  Period  1977-1976). 
CCITT  Study  Group  V  is  also  considering  at  present  the  merits  of  the  IEEE  Standard 
(COM  V-No.22,  COM  XVI-No.43,  Period  1977-1980). 
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Figure  1  show*  the  test  circuits  for  measuring  longitudinal  balance 
according  to  the  IEEE  standard.  The  degree  of  longitudinal  balance-  the  ratio  of  the 
disturbing  longitudinal  voltag*  Vs  and  the  resulting  metallic, voltage  Va  of  the 
network  under  test,  expressed  in  dB,-  is: 


Longitudinal-balance 


20  log1# 


Zi 

v« 


[dB] 


tfe  propose  to  use  the  test  method  described  in  "IEEE  STANDARD  455-1976”  and 
as  shown  in  Figure  l  when  aessuring  longitudinal  balance  of  FCM  multiplex  equipment. 


3.  Lougitudinal  Balance  Requirements 

Figure  2  shows  one  test  method  which  has  been  widely  used  in  Canada  and 
elsewhere  in  North  America  in  the  past.  Other  test  methods  were  also  used. 

Longitudinal  balance  for  the  test  method  shown  in  Figure  2  was  expressed  as 

|V  I 

Longitudinal  balance  “  20  log^  [dB]  and 

minimum  longitudinal  balance  requirements  for  the  4-wirs  ports  of  FCM  multiplex 
equipment  were: 

200  Hz  86  dS 

1000  Hz  80  dB 

3000  Hz  78  dB 

PCM  multiplex  equipment  designed  and  manufactured  meeting  these  requirements  is 
operating  satisfactorily  in  the  network  today. 

Taking  these  existing  requirements  as  s  base,  conversion  factors  had  to  be 
derived  to  determine  equivalent  longitudinal  balance  requirements  for  use  with  the 
proposed  test  method  of  Figure  1. 

Theoretical  analysis  and  aestig-easnta  conducted  afc  V* lifter them  Research 
show  that  for  all  practical  purposes  a  conversion  factor  o l  0  dl  '.an  be  used  over  the 
voice  frequency  band  as  long  as  the  longitudinal  impedance  of  the  test  specimen 
exceeds  30  k  ohms.  Since  4-H  ports  cf  VCH  multiplex  equipment  generally  have  a 
longitudinal  Impedance  in  the  order  of  ICO  k  ohms  a  0  dB  converaioa  rector  can  be 
ueed. 


Therefore,  we  propose  to  Include  the  follow* ag  longitudinal  balance 
requirements  for  the  4-H  ports  into  RacosSfuriStion  6.712: 

Frequency  [Hz]  Minimum  Longitudinal  balance  [dB] 


200 

1000 

3000 


86  dB 
80  dB 
78  dB 
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4*  Proposal  for  Inclusion  in  Recommendation  G.712 


Suamarixing  the  considerations  under  Itemel,  2  and  3,  we  propose  to  amend 
Recommendation  G.712  as  follows: 


4*1  Rec. G.712,  Item  1,  Third  Paragraph 

Amend  the  third  paragraph  to  read: 

'The  values  and  limits  specified  are  those  which  should  be  obtained  in 
4-wire  measurements  using  two  PCM  multiple*  terminal  equipments  connected 
back— to— back  (except  for  5.3  below)  and  with  the  input  and  output  ports  of 
the  channels  terminated  with  their  nominal  impedance  (except  for  4.3 
below).'  - - 


4.2  tec .G.712,  Item  4.3 


Delete  'Oader  study*.  Insert  the  following  text: 

Longitudinal  balance  should  be  measured  in  accordance  with  the  driving  test 
circuit  and  the  terminating  test  circuit  shown  in  Figure  1  of  Annex  2 


Longitudinal  balance  la  defined  as 

2°  W*1 

I  m 

The  minimum  longitudinal  balance  should  be: 


200  Hx  86  dB 
1000  Bs  80  dB 
3000  Hx  78  dB 


4.3  Mac. G.712,  Hew  Annex  2 


ANNEX  2 

(to  Becommendatlon  G.712) 

Test  Circuit  for  Longitudinal  Balance  Measurements 

Figure  1  shows  the  standard  driving  and  standard  terminating  test  circuits 
for  longitudinal  balance  measurements.  Nominal  Impedance  values  are: 


2  Z  2*  Z  Z  k  368  ohms 

Z  s  2000  ohms 

Z_  736  ohm* 

m 

A  full  description  of  the  test  procedure  for  measuring  longitudinal  balance 
of  telephone  equipment  operating  in  the  voice  band  is  given  in  'IEEE  STANDARD 
455-1976'. 


!  v 
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(a)  Standard  driving  test  circuit  for  measurement  of  single 
port  and  two  port  networks. 
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Annex  2 

(to  Question  16/XVIIl) 

Study  Group  XV  (Geneva  Meeting,  25  June-13  July  1979)  extract  from 
the  Report  of  the  Working;  Party  on  Echo  Suppressors 
(Contribution  COM  XV-Ho.  32U) 

"The  Echo  Suppressor  Working  Party  took  note  of  the  extract  from  the 
preliminary  report  to  Question  17/XVTII  and  of  the  extract  of  preliminary  reply  to 
Question  1/XVIII  and  the  need  for  disabling  of  an  echo  suppressor  or  canceller  when 
used  in  an  integrated  services  digital  network.  Present  designs  of  echo  suppressors 
and  cancellers  include  an  external  enable/disable  control  but  do  not  presently 
recognize  a  signal  which  indicates  bit  integraty  is  required.  Further  information  will 
be  required -by  Study  Group  XV  before  such  disablers  can  be  designed. 

Study  Group  XVIII  is  further  advised  that  Recommendation  G.712  (Figure  1/G.712) 
does  note  require  the  use  of  high  pass  filtering  in  A/D  conventers  how  frequency 
interference  from  power  supplies  is  therefore  not  attenuated.  This  makes  it  necessary 
for  any  following  digital  equipment  (particularly  those  using  speech  detectors)  to 
provide  high  pass  filtering.  Study  Group  XVIII  are  asked  to  consider  the  possibility 
of  p',*oviding  appropriate  high  pass  filtering  in  A/D  conventers  recommended  in  C-.712 
having  due  regard  to  the  total  system  economics". 


(to  Question  16/XVIIl) 

A  proposal  for  specifications  on  performance  characteristics 
of  2-vire  PCM  channels  at  audio  frequencies 

(Contribution  from  Nippon  Telegraph  and  Telephone  Public  Corporation) 


1.  Introduction 

CCITT  Ree.  G.712  specifies  performance  characteristic*  only  for  4-wire 
PCM  channel*  at  audio  frequenciea.  It  ahould  be  noted,  however,  that  PCM 
multiplex  equipment*  with  2-wire  PCM  channels  have  been  widely  used  for  trans¬ 
mission  between  2-wire  analog  exchanges,  or  for  psir  gain  systems  in  local 
areas,  and  will  be  uaed  for  digital  local  exchanges.  CCITT  Study  Group  XI 
is  preparing  the  draft  recommendations  for  digital  transit  and  locst  exchanges 
,  where  2-wire  analog  interfaces  as  well  as  4-wire  analog  interfaces  are 
involved. 

KTT  is  of  the  opinion  that  Study  Group  XVIII  ahould  study  the  performance 
characteristics  of  2-wire  PCM  channels  at  audio  frequencies,  and  specify  the 
values  and  limits  as  soon  aa  possible  in  order  to  avoid  the  diversification 
of  the  specification  for  2-wire  PCM  multiplex  equipment*. 

This  contribution  propote*  performance  characteriatics  of  2-wire  PCM 
channels  aa  a  base  for  the  study  in  the  1981-1984  study  period. 
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2.  Proposed  specification*  for  2-wire  PCM  channels  at  audio  frequencies 

A  transmission  path  A-B  shown  in  FIGURE  1  is  defined  as  a  2-wire  PCM 
channel.  The  values  and  limits  to  be  specified  are  those  which  should  be 
obtained  in  2-wire  measurements  using  two  PCM  multiplex  equipments  with 
2-wire  PCM  channels  back-to-back  and  with  input  and  output  porta  of  the 
channels  terminated  with  their  nominal  impedance. 

Further  study  is  required  for  the  separate  specifications  of  the  send 
and  the  receive  sides  of  2-wire  PCM  channels. 

2.1  AttesuatiWfrequency  distortion  (Corresponding  to  Sec. 2/C. 712) 

The  variations  with  frequency  of  attenuation  of  any  channel  should  lie 
within  the  limits  shown  in  the  mask  of  FIGURE  2. 

The  reference  frequency  ie  800  St.  The  input  power  level  should  be 
0  dbmO. 

2.2  Return  loss  (Corresponding  to  Sec. 4. 2/C. 712) 

Th*.  departure  from  the  nominal  value,  measured  ea  return  loea  against 
the  nominal  value,  should  not  he  less  than  12  dl  over  the  frequency  range  300 
to  400  Ha  and  lass  than  IS  dl  over  600  to  3400  Ha. 

2.3  longitudinal  balance  (Corresponding  to  Sac.4.3/C.?12) 

Farther  study  la  aaaded. 

Hatet  Longitudinal  balance  for  2-wire  FCM  channels  must  be  specified. 
Roe.Q.4S  may  be  referred  to. 

2.4  Stability  mad  echo  loea  (Haw  itsaa  for  2-wirn  FCM  channels) 

giaca  a  2-wirn  (CM  aultiplax  equipment  contains  hybrid  circuits  for 
conwaraioa  between  2-wirn  amd  4-wirn,thn  transmission  loan  of  the  path  T-4-3 
shown  in  F1C0RH  1  from  the  point  of  viow.of  stability  ami  of  tcho  should 
bo  spocifimd. 

It  should  be  noted,  however,  that  the  lota  of  the  path  T-A-tJ  depends 
on  the  losses  of  the  pads,  X  and  T  and  the  characteristics  of  the  bandpass 
filters  shown  in  FIGURE  1.  Since  the  values  of  the  losses  due  to  these 
circuits  are  left  to  Administrations  involved,  the  balance  return  loss 
component  of  the  total  loan  for  the  path  T— A— U,  defined  in  Rec.  C.122  may 
he  a  possible  specification  for  the  stability  and  the  echo  requirements. 

The  measuring  method  as  well  as  the  values  for  the  balance  return  loss 
and  the  echo  balance  return  loss  should  be  further  studied  and  specified. 

2.5  Discrimination  against  out-of-band  input  signals  (Corresponding  to  Sec. 6 
/G.712) 

Rec.  G.712  Sec. 6  specifies  the  lost  in  the  range  4.6-72  kftr.  For  2-viTe 
PCM  channels,  it  aught  be  necessary  to  specify  the  loss  arround  50  Hr  in 
order  to  discriminate  the  interference  from  power  cables.  Further  study  is 
required. 

2.6  Co-to-return  crosstalk  (Corresponding  to  See,13/G.712) 

Since  it  is  difficult  to  measure  go-to-retum  crosstalk  for  2-wire  PCM 
channels,  this  item  is  left  unspecified. 

2.7  Other  items 

For  items  other  than  those  presented  above,  the  same  specifications  as 
those  recommended  in  Rec.  G.712  for  4-wire  PCM  channels  should  basically  be 
applied  to  2-wire  PCM  channels. 

3.  Conclusion 

KTT  proposes  that  Rec.  G.712  should  involve  performance  characteristics 
of  not  only  4-wire  PCM  channels,  but  also  2-wire  PCM  channels.  The  values 
and  limits  presented  above  are  proposed  as  a  base  for  further  study. 
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iwqtito  a^Mt  o»  the  teinbOit;  Of  ftviai  r  ram mi  limits  hit  mm 
ftt  —  am  mil  tha  opinion  that  far  entail  jr—tiri  the  differences  between 
haccatic-al  ptfneaaaca  a*d  tha  liaita  p«M  in  G-712  ara  ritker  aaii-1  and  it 
,  ho  aaraaaory.  ia  cortaift  caaaa.  to  define  different  liaita.  tfcia  point  will 
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It  aaa  abroad  that  mo  aiafle  principle  could  ha  adopted  hut  rather  the 
allocation;  soald  ha  dapaadaat  upon  the  parameter  ia  qaestion.  la  aoaa  caaes  it  was 
that  voltage  or  paaar  a— at  ina  could  apply  and  furthermore  it  would  not 
te  to  allocate  liaita  aqaally  far  the  aeod  end  receive  aides. 


A t  tire t  coftfaaioft  aroaa  bacauaa  of  aa  apparent  discrepancy  between  the 
topi f  ih  aad  Froarh  mi ana  at  the  aacoad  nib-paragraph  at  paragraph  1  of  G.712.  It 
ami  « trial  that  the  spirit  of  the  hsglish  eeraioa  should  be  followed  sod  ttot  the  liaits 
to  ha  dtriaart  ihnulil  aot  iarluda  a  aargin  to  take  account  of  the  aaaaui  iiatiit 
inaccuracy  of  teat  ipiipast.  beaver,  performance  limits  should  be  art  in  sll  esses 
asking  due  ill  nose.-  for  any  ianecurty  ia  the  testing  techniques. 

the  correct  Frith  traaalatioa  at  the  bgl  ish  version  is  as  follows  : 

"las  limitea  de  quality  -  -  -  -  tous  lea  caa,  sauf  en  css  d1  imergeision 
dvemtuelle  des  art bodes  de  sesure  appli 
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o  Tentative  values  for  paraaeters 

On  the  basis  that  the  lisits  would  be  open  lc  future  — enuaent,  it  was 
agreed  that  some  tentative  values  should  be  proposed  for  scwe  of  tie  par— eters  that 
renuirc  separate  specification.  It  was  felt  by  delegates  that  if  cuabers  exist  then 
this  will  encourage  people  to  carry  out  aeasureae ats  and  further  stuaiev  in  order  to 
determine  whether  the  limits  are  feasible  and  “etiistic- 

In  proposing  values,  the  basic  concepts  of  a  standard  sand  side  «cd  a  standard 
receive  analyser  were  accepted.  The  definitions  of  such  hypothetical  devices  are  as 
follows  : 

a)  A  standard  send  side  is  a  hypothetical  device  which  is  absolutely  ideal. 

l.e. ,  a  perfect  analogue  digital  converter  preceded  by  an  ideal  low  pass  filter  (assumed 
to  have  no  frequency  attenuation  distortion  and  no  envelope  delay  distortion)  or  it  is 
a  digital  processor  which  simulates  the  above. 

b)  A  standard  receive  analyser  is  a  hypothetical  device  which  is  either  a 
standard  receive  channel  that  is  absolutely  ideal,  ie  a  perfect  digital  to  aaalogua 
converter  followed  by  —  ideal  low  pass  filter  {assumed  to  have  no  frequency 
attenuation  distortion  and  no  envelope  delay  distortion)  on  it  is  a  digital  processor 
.which  simulates  the  above. 

In  practice  it  is  envisaged  that  test  equipment  based  on  these  concepts, 
will  became  available.  Although  such  equipments  might  not  be  perfect  they  should 
bare  adequa te  accuracy. 

i)  Attenuation  -  frequency  distortion 

Inch  of  the  liidts  for  the  send  and  receive  si  fee  should  be  half  or  tbs 
C-T12  limit. 

Consent  :  this  reflects  the  sgrcem— t  already  r— chad  at  the  last  a— ting 
of  Uorkiag  Party  XYIII/2. 

ii)  Envelope  dalar  diatorticm 

Each  of  the  limits  for  the  sand  sad  receive  sides  should  be  half  of  the 
G.712  limit.  In  addition,  the  upper  limits  for  tie  value  oT  the  min  1mm  group 
propagation  delay  should  be  half  of  the  G.712  limit. 

Co— eat  :  seme  delegates  expressed  doubt  about  the  feasibility  of  carrying 
out  such  measure*  mt*  in  practice  but  at  least  this  requirement  should  be  considered 
—  a  design  objective.  One  delegate  suggested  that  the  presence  of  s  b—  rejection 
filter  only  on  the  send  side  of  sotie  equipment  might  me—  that  more  than  half  of  the 
overall  limit  should  be  allocated  to  the  send  side. 

With  regard  to  the  limits  for  the  minima*  group  propagation  daisy,  some 
delegates  considered  that  a  slightly  larger  allowance  should  apply  to  the  encoding 
function  because,  for  example.  It  would  seem  res— a— le  for  s  single  channel  encoder 
to  take  up  to  12S  ms  to  produce  an  output  node  word.  In  the  decoder,  the  reconstructed 
output  is  available  almost  immediately  after  the  application  or  the  Input  code  word. 

Even  with  100  t  sample  and  hold  the  consequential  delay  is  only  62.5  ms.  It  might  be 
appropriate  to  allocate  the  separate  limits  by  applying  the  following  equation  * 

2F  *  125  *  62-5  =  G.712  limit 
where  F  is  the  delay  of  the  filters. 
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iii)  dd justarst  of  relationship  betwees  entsbi.-.p;  i  -v  and  »-a<is  I 

tb«  gei-a  accuracy  of  each  of  the  seed  acd  receive  i;in  should  he  -  0.3  dS. 

•Mist  -  this  is  tbs  saae  re^ui resist  thst  already  exists  is  0.712 
feragrajfc  iT. 

iel  Short  sad  loop  tgs  stability 


Th  of  ths  send  sad  receive  limits  should  he  half  of  the  0.712  i^-<» 


*)  To  tel  aistotioe  IseUgjg  distortion 

Method  1  —  Seise 

ft*  folloKlac  Halts  srs  based  upon  calculations  of  atwt  separate  Halts 
are  required  to  guarantee  the  C.712  overall  performance  for  asjr  coahination  of  send 
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Siaaal  to  total  distortion  mm  a  tectiro  of  input 
level  (dB)  -  Method  1 
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Method  2  -  sioe  save 


ft*  following  Halts  are  based  upon  calculations  of  vfet  separate  Halts  are 
requlrsd  to  guarantee  the  6.712  overall  performance  for  any  eoaoisatioe  of  sens  and 
receive  sides.  3* 
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lew..  {d3}  -  Method  2 
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Sate  :  The  aask  is  casstrscted  by  iatercaaaectisg  the  points  by  straight  litas. 

Ct  ir  at  :  the  Halts  shore  is  Tablet  2  and  3  are  sit  ranted  Ira*  the 
Delayed  Contribution  BI  except  for  seme  cf  the  raises  sinm  is  table  3  shies  are 
extracted  fit*  Contribution  COM  XTIII-Io.  2J2- 

They  are  all  baaed  ca  salcalatioaa  to  determine  vhat  separate  sead  sad 
receive  performance*  are  required  is  order  to  guarantee  that  for  as?  caa&isatioa  of 
seed  aa»  receive  sides,  the  existing  overall  limits  contained  is  3.712  are  alwars  set 
for  any  input  level-  The  overall  limit  is  appertisased  os  a  2  :  1  basis  in  favour  of 
the  seed  side.  The  Halts  so  derived  leave  little  *n-.ifac  taring  margin  sod  all 
delegates  agreed  that  these  raises  ai^bt  sot  he  achievable.  iswwr,  it  va*  agreed 
that  they  soosld  form  the  basis  for  further  study. 

The  tesex  of  Delayed  Ooutribatisss  SI  it  a  theoretical  analysis  of  the  «5ss»e 
and  it  is  reproduced  as  Appendix  1  to  this  report. 

for  the  theoretical  backgremd  to  the  Italian  document  reference  car.  be 

made  to 

AIXA  mxgaa*  So.  2  Toluae  IS  -  ms.  »»  5T-€$»  titles 

transmitting  and  receive  esds  of  ?3!  multiplexers* 

by  C.3.  Capecchiacci  sod  i.H.  Molinari- 

Tbese  two  references  should  be  studied  to  decide  *hi eh  assa^tiecss  are 
more  valid  because  there  are  some  differenced  sates  could  wt  be  res r I vet . 
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vi)  Idle  channel  noise 


Figure  1  shows  the  oeasuring  arrangements  together  with  a  summary  of  the 
various  proposals.  In  comparing  the  proposals  for  the  send  sides,  the  only  difference 
is  the  limits.  For  the  receive  side,  some  delegates  considered  it  necessary  to 
introduce  the  signal  shown  as  Xi  which,  in  effect,  -is  a  test  to  ensure  that  the  decooer 
quantum  step  sizes  are  not  excessively  large.  -  Other  delegates  considered  that  tms 
extra  complexity  was  not  necessary  since  other  requirements,  such  as  quantizing 
distortion  and  linearity,  ensure  that  the  quantum  step  sizes  are  reasonahly  precise. 
■Hils  point  requires  further  study. 


179  (UKPO) 

252  (IUly) 

28 9  (France) 
299  (FBG) 

81  (NTT) 

306  (ATT) 

A1 

- 

- 

- 

Bo 

-  66  dBatip 

-  67  dBmOp 

-  68  dBmOp 

XI 

- 

-  67  dBaOp 
coded  white  noise 

i)  idle  code 
11)  * 

To 

-  75  dBaOp 

-  65  dBaOp 

i)  -  75  dBmOp 
11)  -  65  dBmOp 

4-68  dBaOp  coded  white  noise  with 

variable  do  bias  of  ♦  7  quantum  steps 

Figure  1  -  Idle  channel  noise  measurement  arrangements  and  limits 


vil)  Inter-channel  crosstalk 


For  both  far  end  and  near  end  crosstalk,  it  wa3  recognised  that  there  were 
two  contribution.'  to  each.  These  are  termed  local  and  distant  terminal  contributions. 

After  considering  the  various  contributions  and  after  considerable  discussion, 
it  was  agreed  that  the  method  of  defining  crosstalk  in  C.712  is  not  entirely 
satisfactory  since  the  gain  enhancement  effects  that  can  occur  in  encoders  at  very  low 
input  levels  mask  the  real  crosstalk.  A  test  method  that  effectively  evaluates  the 
analogue  crosstalk  is  ouch  more  appropriate  and  it  was  noted  that  a  number  of  earlier 
contributions  have  been  made  on  this  subject  (COM  SpD-No.  59,  August  1970  and 
COM  XVIII-No.  8).  They  are  all  based  upon  the  concept  or  adding  a  low  level  activating 
signal  into  the  disturbed  channel. 

Figure  2  illustrates  the  measuring  arrangements  that  are  appropriate  as  a 
basis  for  further  study. 
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Figure  2  -  Near  and  far  end  crosstalk 
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However,  the  eventual  limits  may  be  somewhat 

different  because  of  the  less 

stringent  requirement  of  C.712  in  respect  of  this  parameter. 
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lx)  Variation  of  gain  with  input  level 

It  was  noted  that  this  was  another  parameter  for  which  the  two  posi.it:-  'est 
methods  represent  a  different  level  of  stringency;  the  metnoc  oaseo  upon  me  <,f 
sine  wave  signals  being  generally  much  more  easy  to  satisfy.  For  the  latter,  a  split 
of  the  overall  limit  on  a  1  :  1  basis  between  me  send  and  receive  sides  was  net 
considered. to  pose  any  real  difficulties. 

The  limits  shown  in  Table  V  are  based  upon  the  figures  in 
Delayed  Contribution  BI  which  are  calculated  assuming  worst  case  addition  for  any 
combination  of  send  and  receive  sides.  The  group  considered  them  suitable  as  the 
basis  for  further  study. 


TABLE  K 

Variation  of  gain  with  input  level  -  Method  2  (sine) 


Input  level 

Send  or  receive  side 

dBoO 

limit  (dB) 

*  3  -  -  DO 

♦  0.25 

-  60  -  -  50 

♦  0.7 

-  50  -  -  55 

♦  1.8 

In  the  case  of  Method  1  (noise),  it  was  not  possible  to  agree  on  what  basis 
the  overall  limit  should  be  split.  Some  delegates  favoured  an  equal  split  while  others 
thought  a  split  in  favour  of  the  encoder  to  be  more  aopropnate. 

All  delegates  agreed  with  the  view  that  the  requirement  for  the  input  signal 
range  -  55  to  -  60  dcmO  was  very  stringent  and  possibly  unnecessary.  Beaming  in  mind 
that  these  signal  levels  are  down  in  the  same  order  as  crosstalk  and  noise  signals 
present  on  the  system,  this  point  should  be  studied  further.  As  a  basis  for  this  work, 
it  was  recognised  that  the  Appendix  of  COM  XVIII-Ho.  252  (Italy)  is  a  useful  document 
and  this  is  appended  to  this  report. 

7 .  Additional  observations 

During  the  discussions  a  number  of  observations  of  a  general  nature  were 
made.  These  points  were  not  considered  to  be  within  the  terms  of  reference  of  the 
group,  but  are  nevertheless  brought  to  the  attention  of  Working  Party  2/XVIII. 

i)  Some  delegates  noted  the  poor  correspondence  between  the  two  methods 
recommended  for  testing  total  noise  and  linearity  as  defined  in  C.712.  In  particular, 
the  linearity  required  at  very  low  levels  for  the  noise  test  method  is  very  stringent 
and  it  is  recommended  that  the  need  for  this  level  of  performance  should  be  reassessed. 


i i i  Some 
to  reflect  the 


iclepates  noted  that  seme 
results  of  the  study  of  seuir.m  •> 


*  '1*1*  ’  ^  C  i  1 3  y  \)C  r*  j’i  ’ 

pec i f ; cat i on  of  PCM  channels. 
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TABLE  1 


Parameter 

New  limits 
required  for 

Comment 

Send 

side 

Receive 

side 

Attenuation  frequency 

/ 

Envelope  delay 
distortion  and  minimum 
group  propagation  delay 

/ 

Iapcdence  and  return 
loss 

- 

- 

already  covered 

in  G.T12 

Longitudinal  balance 

- 

- 

Idle  channel  noise 

/ 

Single  frequency  noise 

- 

- 

already  covered  in 
in  G.712.  These  are 
only  applicable  to 
receive  side 
performance 

Receiving  equipment 
noise 

- 

- 

Discrimination  against 
out-of-band  input 
signals 

already  covered 

G.712.  Only 
applicable  to  send 
aide  performance 

Spurious  out-of-band 
signals  at  output 

already  covered  in 
G.712.  Only 
applicable  to  tbe 
receive  aide 
performance 

Intermodulation 

Working  Party  2  has 
previously  agreed 
that  it  is  not 
necessary  to 
separately  specify 

Total  distortion 
including  QD 

/ 

Spurious  in-band 
signals  at  channel 
output 

I 

1 

_ l 

j 

the  Group  considered 
that  it  was  not 
necessary  to 
separately  specify  I 
this  parameter  j 

-  1U9  - 

COM  XVIII-Ho.  l-E 


Appendix  1 

(to  Annex  b  to  Question  16/XVIII) 

Separate  specification  on  total  distortion  including 
quantizing  distortion 

(Contribution  from  Nippon  Telegraph  and  Telephone  Public  Corporation) 


1.  Allocation  of  total  distortion  to  sending  and  receiving  sides 

Notations  used  in  the  Appendix  are  shown  in  Figure  6.  The  following 
assumptions  are  considered  here. 

(1)  In  Figure  1,  degradation  in  sending  side,  Ng,  and  degradation  in  receiving 

side  N  ,  are  assumed  to  be  added  on  a  power-sum  basis. 

R 

(2)  In  Figure  1,  Ng  is  permitted  a  times  as  much  as  N^.  From  circuit  experiences, 
a  =  2  seems  reasonable. 


CODER] 


i  DECODER  1 


Figure  1  -  Degradation  in  a  codec 

The  signal-to-total  distortion  ratio  for  the  end-to-end  of  the  codec  is  written  as 
(5/N)Sr  =  S/(Nq  +  Ns  +  Nr) . (1) 

Measuring  separately,  S/N  values  for  a  coder  and  a  decoder  are  respectively  given 
as  follows  : 

(S/N)s  =  S/(Nq  +  Ns)  I 


(S/N)R  -  S/(Nq  +  Nr)  J 

Now,  from  Eq.  (l)  and  Eq.  (2),  the  following  inequalities  can  be  written. 


(S/N)s  =  S/(Nq  +  Ng)^  10 


(S/N)0  =  S/(Nn  +  Np)  — 10 


(s/N)sr  =  S/(Nq  +  Ns  +  Nr)  2=  10 


When  a  coder  satisfying  Eq.  (3)  and  a  decoder  satisfying  Eq.  (4)  are  connected,  the 
end-to-end  performance  of  the  codec  should  satisfy  Eq.  (5).  Then,  the  following 
condition  should  be  met. 


■io  +  10'^io'^+io_^ 


From  assumption  (2)  mentioned  above. 


10  10  «c*(io  10  +10  10  ) 


is  obtained. 
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Now,  curves  can  be  drawn  which  represent  Eq.  (6)  and  Eq.  (7)  for  given  f  and 
g.  Since  f  t  nd  g  are  dependent  upon  the  input  level,  SL  ,  a  number  of  curves  can  be 
obtained  corresponding  to  JL  .  In  order  to  guarantee  the  existing  G.712  S/N  limit 
when  a  coder  and  a  decoder  are  interconnected,  the  level,  £,  0<  which  maximizes 
(g  -  f),  should  be  used.  In  Fig.  7(a),  shaded  area  shows  the  region  where  the  S/N 
of  a  coder-decoder  pair  is  guaranteed  to  satisfy  the  existing  G.712  S/N  limit  even 
til  the  worst  case.  The  point  P  on  the  curve  corresponding  to  Eq.  (7)  provides  the 
desirable  separated  values  which  maximize  the  permissible  margin  from  the  theoreti¬ 
cal  S/Nq.- 

In  the  contribution,  COM  SGXV1II  -  NO.  174,  the  point  Q  was  selected  for  the 
allocation.  Although  the  point  Q  can  provide  the  larger  margin,  the  end-to-end  S/.\ 
performance  cannot  satisfy  the  G.712  S/N  limit  in  the  worst  case  at  "any  input  level 
except  the  level  to  minimize  (g  -  f). 

The  allocation  method  described  above  enables  to  easily  obtain  the  required 
S/N  increase  from  the  G.712  S/N  limit  and  the  margin  for  manufacturing. 


2.  Numerical  examples  for  the  sinusoidal  measurement  (Method  2) 

Fig.  7(b)  shows  the  separate  specification  for  8-bit  //-law  encoding  obtained 
with  the  S/N  allocation  method  illustrated  in  Fig.  7(a).  The  required  S/N  increase 
is  2.3  dB  for  a  sending  equipment  and  3 .4  dB  for  a  receiving  equipment .  The 
minimum  margin,  mg  and  mjj ,  is  2.7  dB  and  1  .6  dB,  respectively,  which  seems 
realizable  from  a  manufacturing  point  of  view.  In  this  figure,  the  end-to-end  S/S 
performance  in  the  worst  case  is  calculated  to  illustrate  that  any  combinations  of 
•ending  and  receiving  sides  can  meet  G.712  S/N  limit  at  any  input  level. 

In  Fig.  7(c),  the  separate  S/N  limits  obtained  above  are  applied  to  A-law 
encoding.  The  minimum  margin,  mg  and  mjj,  is  4.5  dB  and  2.5  dB,  respectively. 

The  end-to-end  S/N  performance  can  satisfy  G.712  S/N  limit  in  the  worst  case. 

Accordingly,  this  separate  specification  may  be  regarded  as  a  possible 
separate  standards  for  Method  2  common  to  both  p  -law  and  A-law  encoding. 

3.  Numerical  examples  for  the  white  noise  measurement  (Method  l) 

When  the  cross. point  between  Eq.  (6)  at  the  input  level  to  maximize  (g  -  f)  and 
Eq.  (7)  at  the  input  level  to  minimize  (g  -  f)  is  selected  as  a  separation  point,  the 
resultant  minimum  margin,  Min.  (mg) .and  Min.  (m^),  is  too  small  to  realize  practical 
circuits  in  case  of  Method  1  .  It  is,  therefore,  necessary  to  change  the  values  of  the 
S/N  increase  from  the  G.712  limit,  depending  upon  the  several  input  levels  corres¬ 
ponding  to  the  edges  of  the  G.712  S/N  mask  (Figure  4/G.712).  Fig.  8(a)  shows  a 
separate  spe-ification  of  8-bit jn  -law  encoding  for  white  noise  measurement.  The 
end-to-end  S/N  performance  in  the  worst  case  satisfies  the  G.712  S/N  limit  at  any 
input  level.  Minimum  margin,  Min.  (mg)  and  Min.  (mjj),  is  2.5  dB  and  1  .4  dB, 
respectively . 

For  A-law  encoding,  the  separate  S/N  limits  can  be  specified  in  a  similar 
manner.  Fig.  8(b)  is  an  example  of  separate  S/.N  limits  for  8-bit  A-law  encoding. 

The  separate  specification  guarantees  to  meet  the  G.712  end-to-end  S/N  limit  in  the 
worst  case  at  any  input  level.  However,  from  a  manufacturing  point  of  view,  it  seems 
•xtremely  severe  to  clear  this  separate  specification  at  low  input  levels  where  mini¬ 
mum  margin,  Min.  (mg)  and  Min.  (mjj),  is  approximately  3  dB  and  2  dB,  respectively. 
Some  relaxation  may  be  necessary  in  this  case. 

According  to  the  numerical  examples  shown  above,  it  may  be  impossible  to  pro¬ 
vide  a  common  separate  S/N  limit  for  both,Xf-law  and  A-law  encoding,  when  the  end- 
to-end  S/N  performance  for  any  combinations  between  sending  side  and  receiving  side 
la  required  to  satisfy  the  G.712  S/N  limit  (Figure  4/G.712)  at  any  input  level. 
Further  study  may  be  necessary  in  this  connection . 
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''Theoretical  S/Nq 


g^  y 


-G.7t2  Spec- 


■Input  level 


g  :  Theoretical  S/Nq  (dBl 

f  :  G712  Specification  (d0J 

x  :  Sending  side  specification  (dBJ 

y  :  Receiving  side  specification  [dE8 

ms  ■  Margin  for  manufacturing  sending  equipment  [dQ 

mR :  Margin  for  manufacturing  receiving  equipment  fdgj 

H  :  Input  level  fciBmO} 


■  igure  c  -  Explanation  of  the  notation 


not 


Appendix  2 

|to  Annex  ^  to  Question  Id/XVZI*) 


Variation  of  gain  versus  incut  level  (noise  signal.  Method  II 
(Contribution  from  the  Italian  Administration' 


Particular  care  has  been  taken  when  analyzing  this  performance  because  the 
relevant  requirement  of  Recommendation  G.712  seems  to  be  very  stringent. 


Measurements  on  equipments  of  different  manufacturers  indicate  that 
Recoasendation  0.712  is  complied  with  good  margins  down  to  input  signal  level  of 
-50  dBaO.  Conversely  the  margins  are  reduced  when  the  input  signal  levels  ere  less 
than  -50  da=0.  It  has  also  been  observed  that  Recommendation  G.712,  concerning  gain 
versus  level,  with  sine-wave  signal  (method  2}  is  less  restrictive  than 
Recoanendation  0.712  with  noise  signal  (method  1);  in  fact  the  following  table  holds 
true  : 


Level 

(d3s0) 


Margin 

with 

sine-wave  signal 


Margin 

with 

noise  signal 


-60 

-55 

-50 


(not  specified) 

>  2  dfl 

>  0.T  dB 


1  d3 
G.5  dB 
0.5  dB 


Margin  *  Eecoimsendat ion  G.712  mask  minus  theoretical  gain  variation. 


On  the  basis  of  these  considerations  a  computer  simulation  has  been  carried 
out  in  order  to  reach  "reasonable"  separate  limits  valid  for  the  send  side  and  the 
receive  side,  respectively. 


It  will  be  possible  tc  deduce  from  the  following  discussion  that  the  simple 
division  by  two  of  the  present  Recommendation  G.712  leads  to  on  excessive 
requirement  on  the  accuracy  of  the  decision  and  reconstruction  levels. 


At  signal  levels  lower  than  -55  dBsQ,  it  is  difficult  to  set  separate  limit; 
in  view  of  the  extremely  coarse  quantization  of  these  signals.  Moreover,  at  these 
levels  no  limits  are  set  by  Recosendation  G.712  for  signal  to  quantizing  distortion 
ratio. 


For  the  above  reasons,  no  separate  limits  for  gain  variation  have  been 
considered  for  input  levels  lower  than  -55  d£mO. 

Send  side 


In  the  study,  it  has  been  assumed  that 
the  decision  levels,  and  that  the  reconstruction 
nominal  values.  A  statistical  analysis  has  been 
probability  density  of  the  tolerance  within  the 
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Figure  A1  also  shows  the  his* egress  relative  to  ti 
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Feceive  side 

In  accordance  vith  the  general* trend  expressed  in  Cl'  that  sore  stringent 
Units  should  be  applied  to  the  receive  side  than  to  the  send  side,  it  has  bees 
assured  that  a  *5  5  tolerance  is  on  the  reconstruction  levels  {decoder**  and  that  lh* 
decision  levels  (encoder)  are  at  nominal  values. 

The  histograss  obtained  fren  the  -50  and  -55  dsnO  input  signals  are  shows 
in  Figure  A2.  On  the  basis  of  such  histograss  the  following  cash  C receive  side  only! 
has  been  drawn  : 
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Final  remarks 


The  separate  performance  limits  proposed,  appear  adequate  for  equipment  of 
reasonable  complexity. 

It  can  be  noted  that  the  separate  limits  proposed  for  tests  with  noise 
signals  are  still  more  severe  than  those  proposed  for  tests  with  sine-wave  signals. 

It  seejs  reasonable  to  consider  a  statistical  approach  in  defining  separate 
limits.  In  fact,  a  worst-case  analysis  could  easily  lead  to  the  practical 
impossibility  of  dividing  the  limits  of  Recommendation  G.712  between  send  and  receiv 
sides.  As  an  example,  Figure  AU  depicts  the  worst  cases  of  gain  versus  level  for 
send  side  only  ©  ,  receive  side  only  ©  and  end  to  end  ©  .  To  obtain  the  curves 
of  Figure  Kh  the  decision  levels  +  1,  +  2,  ♦  3,  +,  *<  have  been  assumed  to  be  10  % 
smaller  than  nominal,  while  the  reconstruction  levels  ♦  1,  +  2,  +  3,  ±  •»  have  been 
assumed  5  t  greater  than  nominal. 

Obviously  this  case  does  not  satisfy  Recommendation  G.712  neither  for  end 
to  end  nor  for  the  3end  side  alone,  the  probability  of  this  case  being  nevertheless 
negligible. 


S/N  decrements 


SfiSEffl 
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QUESTION  17/miI  -  Characteristics  of  PCM  multiplexing  equipment  and  Other 
terminal  equipments  for  voice  frequencies 
{Continuation  of  part  of  Question  3/ XV Hi,  studied  ir.  1977-1~'<:Q- 

consi deri ng 

that  rerent  progress  in  !■*  :g:.  nr  -*•  :1  an  mai ntenatic*'  phi  !'■ 

studies  dight  result  in  a  need  for  modification  of  the  present  Recommendations  or.  PCM 
multiplexing  equipment; 

that  studies  on  en-  .'ding  methods  cf  speech  and  voice-hand  signals  other  than 
PCM  and  also  studies  on  higher  order  PCM  multiplexing  equipment  might  result  in  a  r.eei 
for  recommending  new  terminal  equipments  for  voice  frequencies; 

a)  What  modifications  to  existing  Recommendations  0.731-733  and  C.vti.  should  ce 
made  ? 

b)  What  new  terminal  equipment  should  be  recommended  for  voice  frequencies 
other  tnan  those  recommended  in  RecoiamendatioRs  0.732,  0.733  and  0.1^1  1 

Hote  :  Coding  parameters  for  analogue-to-digital  conversion  processes,  other  than  PCM, 
will  be  studied  under  Question  7/XVIII. 


QUESTION  1 8 /XVI 1 1  -  .Characteristics  of  digital  multiplex  equipment  and 

multiplexing  arrangements  for  telephony  and  other  signals 

(Continuation  of  part  of  Question  3/XVIII,  studied  in  1977-1980) 

considering 

that  the  introduction  of  large-capacity  digital  transmission  systems  as  well 
as  wideband  encoders  for  video  signals  may  require  Recommendations  on  higher-order 
hierarchical  levels  and  associated  digital  multiplexing  equipment; 

that  octet-interleaved  synchronous  multiplexes  may  find  wider  or  more 
flexible  applications  in  digital  networks; 

that  the  progress  in  the  digital  network  structure  studies  may  result  ir.  the 
modification  of  the  present  Recommendations  or.  digital  exchange  terminals  or  definition 
of  new  multiplex  arrangements  between  exchanges; 

what  new  or  modified  arrangements  or  characteristics  for  the  following 
applications  should  be  recommended  ? 
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-  digital  multiplex  equipment  using  justification; 

-  synchronous  digital  multiplex  equipment; 

-  multiplexing  arrangements  and  related  characteristics  to  be  used  betveer. 
digital  exchanges. 

In  particular,  the  following  specific  points  require  study  : 

Point  a)  -  What  modification  is  required  in  the  existing  recommendations  relevant  to 
digital  multiplex  equipment  using  justification  techniques  (G.7l*2,  G.7-3,  etc.)  7 

Point  b?  -  What  higher  order  or  non-hierarchical  digital  multiplex  equipment  utir.r 
justification  should  be  recommended  (see  Question  19/XVIII)  ?  In  particular  : 

1}  above  the  fourth  order  at  139261*  Kbit/s 

25  above  the  third  order  at  32061*  or  1*1*736  kbit/s 

Point  e$  -  In  defining  the  specifications  pertinent  to  points  a!  and  b>  above,  should 
provisions  be  made  to  multiplex  the  n-th  order  signals  directly  to  (n*m)-th  order 
(m  *  2)  ? 

Point  d)  -  What  modification  is  required  in  the  existing  Recommendations  relevant 
to  synchronous  digital  multiplex  equipment  and  multiplex  arrangement  for  use  with 
digital  exchanges  (G.731*.  G.735,  G.736,  G.737,  G.738,  G.739  and  G.7l<6)  7 

Point  e)  -  What  new  Recommendations  are  required  in  the  area  of  point  d)  above  7 

Point  f)  -  What  conditions  could  be  set  concerning  the  use  of  service  bits  defined  in 
the  multiplex  frame  structures  7 

Note  :  If  interfaces  should  be  specified  for  access  to  these  bits,  reference  should  be 
made  to  the  studies  undertaken  under  Question  3/XVIII. 
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QUESTION  19/XVIII  -  Network  aspects  of  existing  and  new  levels  in  the 
digital  hierarchy 

Considering 

a!  that  the  digital  network  is  expected  to  expand  both  in  the  trunk  ana  the 

local  area; 

b)  that  services  other  than  telephony  and  data  will  have  to  be  accommodated  in 
the  network  and  are  expected  to  share  the  facilities  to  be  provided; 

c)  that  new  technological  development  may  enable  efficient  use  to  be  made 
of  existing  and  new  transmission  media; 

d)  that  the  introduction  of  new  services  may  require  tne  provision  of  new 
levels  in  the  digital  hierarchy. 

1.  What  levels,  if  any,  in  the  digital  hierarchy  should  be  defined  in  addition 
to  those  already  recommended  by  CCITT  ? 

2.  What  should  be  the  basic  characteristics  of  multiplexes  (transmission 
capacity,  frame  structure,  service  and  maintenance  facilities  to  be  incorporated), 
which  will  serve  as  a  basis  for  the  subsequent  studied  directed  as  establishing 
recommendations  for  equipments  ? 

Note  1  :  When  new  hierarchical  levels  are  defined,  account  should  be  taker,  of  (e.g- 
their  possible  use  for  various  services). 

Note  2  :  The  characteristics  of  digital  line  and  radio  sections  are  studied  under 
Question  11/XVIII. 


Annex 

(to  Question  19/XVIII) 

Summary  of  the  study  performed  during  the  1977-1980  study  period 
concerning  digital  transmission  of  sound  nrogrnrrop  signals 


Various  proposals  for  digital  transmission  of  sound  programme  signals  are 
summarized  in  Table  1.  It  is  noted  that  this  Table  is  only  for  information  purpose. 

The  Appendix  gives  the  reply  to  CVTTT  concerning  digital  transmission  of 
sound  programme  signals. 
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wO  iinns 


;<  to  Question  19 /XVI 1 1 ) 


rj^_i  concern: nr  gisital  transmission  of 
sour. 1- ::  r  orrarote  signals 


1,  Introduction 

In  Delayed  Contribution  P  of  Study  Croup  XV III  (draft  revision  of 
Report  617/CWT)  C^TT  ask*  Study  Croup  XVIII  several  questions  relating  to  the 
digital  transBission  of  sound  proara—e  signals.  These  question;  a»e  found  in 
Annex  1  of  the  Document  P  /  Ct*TT/30l(Rev.l)_7, 

The  questions  relate  to  item*  which  ar.e  at  present  under  study  in 
Study  Croup  XVIII.  Consequently  this  ■'wuaent  is  an  ir.terin  reply  ar.d  further 
inf' — aation  will  be  forwarded  when  it  la  available. 

i.  Specific  answers 

i)  Error  rate,  error  distribution,  etc. 

These  factors  and  their  subdivision  among  various  parts  of  the  total  networb 
are  currently  being  defined  In  Question  I/XVITI.  Secoasendatior.  G.321  gives  the 

results  of  the  studies  tc  date. 


iij 


Access  to  the  network 


a)  The  cumber  of  sound  progra=e  circuits  required  or.  international  connections 
is  generally  supposed  to  be  scalier  that)  primary  level  digital  path  capacity  which  is 
equivalent  to  thirty  or  twenty-four  voice  channel?  Consequently,  is  the  case  or 
digital  sound  prograass  transmission,  it  seems  tc  oe  very  advisable  to  standardise 
terminal  station  arrangement  which  will  allow  the  cost-effective  joint  U3e  of  the 
primary  level  digital  paths.  For  this  application,  the  gross  titrate  of  a  digitised 
15  kHz  sound  pmgrarxse  signal  of  391*  kbit/s  s*ess  adequate  to  Study  Group  XV •  T ’ 
aceesa  to  the  primary  level  should  be  either  through  a  new  electrical  interface  or 
through  an  existing  2013  or  151*1*  kbit/s  interface  (cf.  Pecossendation  C.703). 

b5  Where  the  entire  primary  level  digital  path  is  dedicated  to  a  r.caber  of  sound 
channels  the  access  nay  be  at  the  primary  bit  rate.  The  gross  bit  rate  of  a  digitised 
15  kHz  sound-pro graaae  channel  my  be  381*  kbit/s  (5  channels  in  20l*B  kbit/s,  1*  channels 
in  15W*  kbit/s).  However,  in  the  case  of  201*8  kbit/s  hierarchy,  it  could  be  reduced 
below  33k  kbit/s  in  order  to  provide  6  channels  on  one  20k8*  kbit/s  digital  path. 

In  the  latter  caae  it  could  be  necessary  to  define  a  frame  structure  of  the 
20fc8  kbit/e  signal  different  from  that  recommended  in  Recommendation  G.732. 
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«::ere  the  primary  multiplex  level  shared  with  other  services  such  as 
telephony  or  data,  the  access  ic  the  pr inary  ]*»ve)  nay  he  synchronous  with  the 
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In  the  case  where  the  introduction  ;f  syncnrsaisit.'s  in  iig.tal  networks  :s 
unlikely  to  be  geared  to  tne  needs  of  digital  sound  frogrvuv.'  trsr — -s.sn  and  taking 
into  account  the  evolution  towards  a  synchr-nous  network,  the  access  to  the  primary 
level  should  be  in  such  a  way  as  to  allow  asynchronous  operation  using  justification 
technique. 


The  content  of  a  digital  signal  at  38-  kbit/s  should  be  defined,  which 
includes  a  snail  amount  of  spare  capacity  for  housekeeping  functions  including  tne 
justification  infornation  {not  sere  than  a  few  kbit/s). 

Study  Group  XVIII  shall  define  a  multiplexing  -ethod  for  synchronous  acess 
(which  will  not  sake  use  of  this  spare  capacity  for  justification)  and  for  asynchronous 
access  {which  does  sake  use  of  the  spare  capacity). 

The  systes  concept  envisaged  is  given  in  Figure  1.  Study  Croup  XVII!  will 
decide  later  if  a  new  digital  interface  should  be  specified  or  not. 

It  is  expected,  that  tne  clock-frequency  inaccurracies  of  the  encoder  and  of 
the  parts  of  the  network,  in  the  case  of  asnehronous  access,  will  not  be  sore  than 
♦  50  ppn  each. 

b)  in  case  ii  (b)  : 

Since  a  coaplete  prisary  level  is  used,  the  access  need  not  be  synchronous 
with  the  rest  of  the  network.  If  switching  in  the  digital  code  of  sound  prograse 
channels  is  envisaged,  slip  will  occur  unless  the  total  network  ineolved  is 
synchronized. 

»v)  Tariff  principles 

Tariff  principles  are  not  the  responsibility  of  Study  Group  XVIII. 
y )  Aspects  of  sultiplexing  and  network  synchronization 

CCITT  has  reccanended  in  Reconser.dat  ion  3.611  that  the  international  digital 
links  should  be  operated  in  a  plesiochror.ous  manner  with  reference  clock  of  very  high 
accuracy  (ID-1*).  This  implies  that  the  national  networks  are  either  fully  synchronous 
or  plesiochronous  with  the  same  accuracy. 

It  is  pointed  out  that  a  slip  rate  of  1  slip  in  70  days  per  plesiochronous 
interconnection  is  the  resulting  theoretical  slip  rate,  taking  into  account  clock 
accuracies  according  to  Heeozssendation  C.Bll  only.  However,  account  should  also  be 
taken  of  practical  network  characteristics  encountered  under  normal  operating  conditions 
even  where  synchronized  national  networks  resain  synchronized.  As  a  guide, 
draft  Recoaser.dat  ion  G.822  for  a  6k  kbit/s  end-to-end  connection  (switched  or 
permanent),  sentions  suggested  value  of  1  slip  in  5  hours. 
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it  is  noted  that  th«  above  synchronous  interconnection  applies  without  any 
restriction,  as  long  as  the  Telecommunication  Administrations  are  responsible  for 
terminal  station  including  encoding.  In  the  event  that  encoding  should  become  the 
responsibility  of  the  Broadcasting  Organizations,  it  is  only  applicable  if  their  clocks 
are  in  synchronism  with  that  in  the  network  of  the  Administration  concerned. 
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Examination  of  the  Questions  drafted  by  Study  Groups  III,  IV,  VII,  XI,  XV 
and  XVIII  reveals  that  each  Group  intends  to  study  various  aspects  of  the  ISDN.  In 
order  to  avoid  overlapping  and  possibly  conflicting  results  the 

Vllth  CCITT  Plenary  Assembly  agreed  that  the  areas  of  responsibility  for  the  study 
of  ISDN  should  be  assigned  as  follows  : 


Assirtn  to 


1. 


2. 


U. 


Services  and  facilities  interpretation  and  coordination  XVIII 

{taking  into  account  the  requirements  identified  by 
Study  Groups  I,  II,  III  and  VII). 

General  ISDN  aspects  and  guidelines,  quality  of  service,  XVIII 

numbering,  performance  targets,  maintenance  principles 
and  miscellaneous  subjects  not  more  specifically 
identified  (taking  into  account  the  requirements  of 
Study  Groups  I,  II,  IV,  VII,  XI,  XVII,  and  CMBD). 

Note  :  It  is  considered  that  Items  1  and  2  above  are 
of  high  priority. 

Digital  transmission  standards  and  performance  {local  XV/XV III 

and  inter-exchange).  The  study  of  hypothetical 

reference  connections  is  in  the  competence  of 

Study  Group  XVIII,  the  study  of  hypothetical  reference 

digital  paths  is  in  the  competence  of  the  specialised 

Study  Groups  of  CCITT  and  CCIR,  the  study  of  reliability 

and  availability  is  to  be  coordinated  by  CMBD. 

Note  :  Also  of  interest  to  CCIR. 

Switching  aspects  and  parameters  (taking  into  account  XI 

the  requirements  identified  by  Study  Groups  VII,  XVII 
and  XVIII). 

Note  :  In  the  case  of  mixed  mode  switches  (e.g.  ISDN 
circuit  and  packet )  other  Study  Groups  will  also  be 
consulted. 

Inter-exchange  signalling  system  (Message  Transfer  Part  XI 

(HTP)  and  appropriate  User  Pert ( s ) )  (taking  into  account 
the  requirements  identified  by  Study  Groups  VII  and  IX). 

Subserioer-exchange  signalling  system  (taking  into  XI 

account  the  requirements  identified  by  Study  Groups  I, 

II,  VII  and  XVII  and  coordinated  by  XVI I I  -  see  Item  2). 
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Assign  to  : 

Subscriber-network  interface 

i) 

Interface  B 

XI 

ii) 

Interface  A  -  Voice  services 

XI 

iii) 

Interface  A  -  Non-voice  services  • 

VII /XVI I 

iv) 

Interface  A  -  Alternate  voice/data 

VII/XI/XVII 

vte  :  Close  collaboration  between  Study  Groups  VII,  XVII 
i.nd  XI  will  be  required  to  ensure  compatibility  between 

1  ii),  iii),  iv)  and  the  subscriber  signalling 

system  identified  in  6. 

Interworking  (inter-service  and  inter-network) 

i) 

Data 

VII 

ii) 

Telex 

IX 

iii) 

Telephone 

XI 

iv) 

Data  over  the  telephone  network 

I/II/XVII 

v) 

Teletex 

I /VIII 

vi ) 

Facsimile 

I /VIII 

Note  :  Collaboration  between  the  Study  Groups  referred 
to  above  will  be  required  to  ensure  compatibility  in  the 
carriage  of  the  various  services  on  ISDN  and  other 
networks . 

Digital  telephone  instrument 

XII 

Tariff  aspects 
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Figure  1  -  Possible  functional  interfaces* )  in  digital  local  access 
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"Interface"  -  "a  concept  involving  specification 
rage  69 }  Orange  Book ,  "Definitions" 
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